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(Received June 5, 1942) 


INTRODUCTION 


NUMBER of tests to determine the 

audibility, sound level requirements, and 
other requirements of alarm signals were con- 
ducted by RCA both in connection with the 
quest by the OCD for an adequate signal source 
to give basic outdoor coverage, and in connection 
with the application of standard electro-acoustic 
amplifying systems to give supplementary and 
indoor coverage for air raid warnings. 

The choice of a suitable sound signal for air 
raid warning purposes calls for a consideration 
of many factors such as the frequency spectrum 
and level of the masking noise, the transmission 
loss due to air absorption and building insulation, 
the effects of wind and atmospheric acoustics, 
the time and frequency characteristics of the 
signal source, ear sensitivity curve, interference 
phenomena, etc. 

Tests and studies made included the following: 

(a) Comparison of electronic siren, warble 
oscillator, and other similar sound sources; 
(b) survey of the audibility of speech and 
electronic siren in residential area; (c) rate of 
rotation of source; (d) rate of warble; (e) fre- 
quency spectrum of street noise; (f) frequency 


spectrum of indoor music; (g) masking effect of 
noise spectra on audibility of warble tones; 
(h) transmission loss due to atmospheric absorp- 
tion (after Knudsen); (i) transmission loss due 
to building walls; (j) strength of source required 
vs. frequency for distance projected; (k) mis- 
cellaneous correction factors for attenuation 
due to street absorption, building obstruction, 
wind masking, ‘‘skip zones,” and atmospheric 
acoustics. 


OUTDOOR TESTS 


An outdoor survey was made using an array 
of sixteen 50-watt loudspeaker units and short 
sections of horns having a 125 c.p.s. cut-off 
frequency. The sixteen units and horn sections 
were mounted in two vertical columns of 8 units 
each (see Fig. 1) and driven with an 800-watt 
amplifier. The following signals were used during 
the listening tests: 

a. Wailing siren. A synthetic electronic siren 
note which slowly builds up and dies down 
again between two fixed frequency limits. 

b. Warble siren. A rapidly changing synthetic 
electronic siren note. This is a commercially 
available signal source shown in Fig. 2. 
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Fic. 1. View of loudspeaker assembly as mounted on 
the roof of a building and suspended by a swivel to permit 
rotation of the beam. 


c. Jump frequency (alternating between two 
constant frequencies at about one alternation 
per second). 

d. Three-tone electronic siren with a saw 
tooth warble. This signal consisted of three tones 
having fundamentals close enough to produce a 
distinct beat note. The three tones increased 
uniformly in frequency then returned abruptly 
to the lowest frequencies and repeated. 

e. Warble oscillator. This signal was produced 
by changing the frequency of an oscillator at a 
specified rate through a specified frequency band. 
The signals were sounded in rotation, each 
signal lasting about 10 seconds and repeated 
three times. The sequence was repeated every 
3 to 5 minutes which allowed the observers 
sufficient time to move to new locations. At 
the end of each sequence speech was used to 
request all persons hearing the signals to report 
by telephone. A girl was stationed at the tele- 
phone and recorded the location of the volunteer 
observers, whether they were in the house or 
out of doors and any other pertinent information 
which was volunteered. This survey, of course, 
would only cover those areas where the speech 
could be understood. The results are shown on 
Fig. 3A. The loudspeaker assembly was pointed 
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directly north across a residential area in the 
city of Indianapolis. 

To supplement the speech data accumulated 
from persons who voluntarily telephoned in, a 
telephone canvass was made to determine what 
additional area was covered by the alarm signal, 
the results of which are shown in Fig. 3B. The 
canvass was made at intervals of approximately 
one-half mile. In addition to the response shown 
on the plot, 4 persons out of 28 reported hearing 
the signal at approximately 33 miles from the 
source and two reported from between 5 and 6 
miles away. It is interesting to note the apparent 
“skip’’ effect for long distances such as at the 
two mile radius on Fig. 3B. 

The results of the two above surveys men- 
tioned have been plotted in a statistical form 
as shown on Fig. 4. These data show that 
75 percent of the response was within a signal 
level (out of doors) of 80 db,* whereas the same 
response with speech required a level of a little 
over 85 db. At 50 percent response the signal 
level is 75 db and the speech level is about 
82 db. The difference between signal and speech 





Fic. 2. A commercial signal generator used as one of the 
signal sources. 


levels is to be expected because signals can be 
heard and recognized at levels where speech is 
still unintelligible. Another factor is the effect of 
distance through air on the attenuation of the 
upper frequencies along with reflections so that 
at large distances the voice becomes heavy from 
loss of highs and garbled from multiple reflections. 

The signal level used during the above tests 


*O DB=0.0002 dyne per square centimeter for all 
acoustic sound levels given. 
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Fic. 3A. This plot shows the location of individuals 
who voluntarily telephoned in response to voice requests 
over the loudspeaker. The shaded areas indicate factories, 
parks, and other non-residential areas. 


was approximately 118 db as measured at 100 ft. 
from the source. The following levels were 
measured by the observers at various distances 
from the source, the loudspeaker being approxi- 
mately 60 ft. above the street level and pointed 
horizontally. 


} mile 78 db 
} mile 81 db 
3 mile 70 db 
1 mile 68 db 
13 miles 63 db. 


At various other distances within the 1}-mile 
radius, both on and off the axis, the level was 
below the background noise but still clearly 
audible. These figures indicate the type of 
variations that can be expected from obstacle 
shadows and from atmospheric acoustics. Addi- 
tional variations of 10 db or more have been 
observed due to wind fluctuations. These 
measurements were made with the loudspeaker 
pointed down a city street and high above the 
houses and trees. If the sound source were lower 
down the attenuation would be much greater 
due to foliage and losses through side streets 
and other surface absorption and terrain effects. 

A listening test of the effects of distance on 
carrying characteristics with frequency was also 
made. Using a warble oscillator varying plus 
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Fic. 3B. This plot shows the location of individuals 
contacted through the telephone survey. The audibility 
at each point is indicated. 


AA 

ae 
a yy 
ALLTEL LT TT VA 


ey 
sseere | 
A 


+—+—++ 
| /| | } | 
| ae | — 
| 








© 
e 
ia —-~ 



































CUMULATIVE PERCENT OF LOCATIONS 
o 
° 





























H BORE sae 
| WBE, 


| } 
2 3 35 40 45 so.) 06550— 60s 65 re 60 865 = 0M OS 100 
SOUNO LEVEL Ww OS 





Fic. 4. A statistical chart of the results shown in Figs. 2A 
and 2B. (A) Identification of signal; (B) identification of 
speech. 


and minus 10 percent from the mean frequency, 
observations were made at various distances for 
mean frequencies of 320, 400, 500, 640, 800, 
1000, 1250, and 1600 c.p.s. At a distance of ? of 
a mile the 1250 and 1600 c.p.s. note showed 
signs of being attenuated as compared to the 
lower frequency while at one mile the 1000 c.p.s. 
note was similarly attenuated and the 1250 and 
1600 c.p.s. notes were only faintly audible. 

In using a directional sound source it is 
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SOUND LEVEL IN DECIBELS 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 5. Frequency distribution of music used for background noise. 
Sound level = 74-80 db. 










SOUND LEVEL IN OCECIBELS 















FREQUENCY IN CYCLES FER SECOND 


Fic. 6. Frequency distribution of street car noise used for background noise. 
Sound level=86-90 db. Spectrum was limited by response of reproducing 


system. 


obvious that considerable power can be saved 
by rotating a single source about a vertical axis 
rather than having a number of sources placed 
so as to cover a complete 360°. If the source is 
to be warbled the question then arises as to 
what the speed of rotation should be. With an 
angular velocity which is very slow the signal 
might be ‘‘dead’’ for such a long period as to 
make it undesirable as an alarm. High angular 
velocity brings in mechanical and power diffi- 


culties and the ‘‘on’’ period might be so short as 
to confuse the signal. At the request of Dr. 
Abbott of the Office of Civilian Defense, a series 
of tests was made with rotation rates of 1, 2, 4, 
6, and 8 r.p.m. The consensus of opinion was 
that 1 and 2 r.p.m. was too slow and gave 
undesirable results. Four r.p.m. was considered 
good and six r.p.m. was the most satisfactory 
while eight r.p.m. was judged too fast in that 
the apparent signal level began to drop off. It 
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FREQUENCY IN CYCLES PER SECOND 


Fic. 7. Signal intensity level vs. frequency of signal to give minimum perception 
through background noise. (A) Street car background noise, 86-90 db sound level; 
(B) music background noise, 74-80 db sound level. 


was noted, however, that the optimum rate of 
rotation will vary according to the directional 
characteristics of the sound source. The source 
used had an effective radiation angle of 60°. 
A wider angle source would permit more rapid 
rotation while a narrower angle of radiation 
would require a slower rate of rotation. Sound 
level measurements made with the rotating 
source confirmed the measurements recorded 
above. A direct measurement of shadow effect 
showed differences of from 4 db up to 21 db, 
the latter measurement being made } mile from 
the source. 

General observations have indicated that a 
complex or varying signal is necessary to 
command attention quickly. With mechanically 
operated alarm signals the rate at which the 
frequency can be varied is greatly limited by the 
inertia of the moving parts. In order to determine 
the effectiveness of different rates of warble, 
observations were made on rates varying from 
one warble every 23 seconds to 10 warbles per 
second. The general opinion was that rates 
between two and six warbles per second were 
most effective. Subjective tests, as will be 
indicated later, show no difference in the range 
from one to eight warbles per second. 


SUBJECTIVE TESTS 


By a series of subjective tests an attempt has 
been made (1) to determine the best signal 
characteristic, i.e., such as warble frequencies, 
siren notes, jump frequencies, etc., and (2) the 
best frequency range when taking into account 
background noises, attenuation with distance, 
and transmission losses through walls. Two 
typical types of background noises were chosen, 
the first being music such as would be encoun- 
tered in the home if the radio or phonograph 
were being played at the time of the alarm, and 
the second was the noise of a passing street car. 
These noises were recorded on film and by 
making a short loop the background noise could 
be kept at a fairly constant level for the purpose 
of making the subjective tests. 

The observer was stationed in a listening 
room and the background noise was adjusted to 
the desired level. The alarm signal under test 
was then increased in intensity until the observer 
indicated that it had been detected. It was 
found that the individual observers could usually 
repeat their observations with a maximum 
deviation of one to two decibels, although there 
was as much as four or six decibels spread 
between observers. The frequency distribution 
of the two types of noise is shown on Figs. 5 and 6. 
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10000 


Fic. 8. Signal intensity level at 100 ft. from source vs. 
signal frequency for minimum perception through a noise 
(music) level of 74-80 db at various distances from the 
signal source. Dotted lines corrected for attenuation with 
distance. Solid lines corrected for attenuation with distance 
and transmission through a brick veneer house (40 percent 
humidity). Add 15 db to ordinate scale to correct for 
losses due to building shadows, terrain, etc. 


A question might be raised against this 
method of test in that the observers were 
concentrating on the signal, a condition which 
of course would not be likely to exist preceding 
an actual air raid. On the other hand, it is well 
known that once the human mind has associated 
a certain sound with danger, that sound will 
quickly bring him to attention even though he 
might be concentrating on other matters. The 
tests were physiological rather than psychological. 

In the first test the following types of signals 
were chosen: (a) wailing siren, (b) warble siren, 
(c) jump frequency, (d) three-tone warble siren, 
(e) warble frequency generator. These are the 
same signals as were described for the outdoor 
tests. 

Previous to the subjective tests a number of 
definite opinions had been expressed regarding 
the effectiveness of the various signals, the 
warble siren and the wailing siren being con- 
sidered by the majority to be the most effective. 
Under test, however, no appreciable difference 
could be observed in the effectiveness of any of 
the signals chosen. 

In order to determine the rate at which the 
signal should be varied the 400 to 500 c.p.s. 
warble was chosen, the warbling rate being 
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changed from 8 warbles per second down to one 
warble per second. In this test no appreciable 
difference could be observed within the warble 
range being tested. 

In order to determine the effect of warble 
band width upon the effectiveness of the signal, 
tests were made with a mean frequency of 
450 c.p.s. and warbling the generator from the 
mean by 5 percent, 10 percent, 24 percent, and 
40 percent. Here again, throughout the tested 
range, no appreciable differences could be 
observed. Because of standing wave effects no 
accurate measure could be made at a constant 
frequency. On the outdoor tests the observers 
indicated a marked preference for the 10 percent 
warble as compared to the 5 percent warble. 

In order to determine the most effective 
frequency range the warble frequency signal was 
again chosen because of its flexibility and ease of 
making changes. The mean frequency of the 
warble signal was varied from 250 c.p.s. up to 
4500 c.p.s., but the rate of warble was kept at 
four warble cycles per second and the warble 
band was maintained at +10 percent for all 
frequencies. This series of tests (see Fig. 7) 
showed a definite change with frequency due to 
the masking characteristics of the background 
noise. From these observed data the minimum 

TABLE I, Showing attenuation in db with distance for 


various frequencies (40 percent humidity). (Unobstructed 
propagation is assumed.) 








Distance from source 
Frequency } mile 4 mile 1 mile 2 miles 4 miles 


250 22.8 29.1 35.6 42.8 o1.1 
400 23.0 29.5 36.5 44.5 54.5 
500 23.2 29.9 37.4 46.0 57.6 
700 23.6 30.8 39.1 46.6 64.8 
1000 24.5 32.4 42.4 56.2 78.0 
2000 27.9 39.4 56.2 83.9 
4000 37.7 58.9 











sound intensity at 100 ft. from the source has 
been computed for various distances of coverage 
to penetrate a music level of 74-80 db. Correction 
has been made for the transmission loss in air 
at various frequencies.! (See Table I.) The 
dotted lines on Fig. 8 show the minimum 
perceptible signal levels at 100 ft. from the source 
for coverage of } mile, } mile, 1 mile, 2 miles, 
and 4 miles with music as a background. The 


1V. O. Knudsen, J. Acous. Soc. Am. 6, 199 (1935), 
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transmission characteristics of a brick veneer 
dwelling were measured (see Table II) and the 
solid lines indicate the minimum sound intensity 
at 100 ft. from the source to detect the alarm 
signal inside this type of dwelling at { mile, 
1 mile, 1 mile, 2 miles, and 4 miles, respectively, 
with a background music level of 74-80 db. 

Figure 9 shows similar characteristics with a 
background noise of 86-90 db from a street car 
with the observer in the open. Under both 
conditions of background noise a mean frequency 
of about 400 c.p.s. shows the best penetrating 
power for coverage distances of 3 mile or more. 

If the beam of the signal is directed along a 
street of high noise level the values given will be 
satisfactory. However, if the signal is subject 
to building shadows, attenuation due to foliage, 
and similar losses, an additional 15 db should 
be added. 

Where the distances are short, such as in 
office buildings and industrial plants, reference 
to Fig. 7 shows that higher frequencies will be 
most effective in penetrating through music and 
machinery noise, particularly in the 2000 c.p.s. 
region. For high frequency signal coverage 
outdoors, only the actual street area need be 
figured since roof coverage is not required. 


SUMMARY 


From the foregoing data on projection dis- 
tances and coverage areas for sources of varying 
strength, the requirements for the various types 
of sound signal distribution can be determined. 
TABLE IT. Attenuation in db through wall of a brick veneer 


house, windows closed, no storm windows. 











Frequency 30 40 60 80 100 150 250 300 375 500 
Db attenuation 18 11 11 10 148 145 95 12.5 12 25 


Frequency 700 1000 2000 3000 4000 
Db attenuation 26.8 17.5 30 33 30.8 








The use of a single or centralized source for 
covering a large city is immediately ruled out 
owing to inherent difficulties encountered in 
distribution, such as the skip distances caused by 
interference phenomena, wind, and other va- 
garies of atmospheric acoustics as well as the 
shadow and absorption effects of buildings and 
terrain. For these reasons distances greater than 
one-mile radius are considered impractical for 
even very efficient high powered sources except 
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Fic. 9. Signal intensity at 100 ft. from source vs. signal 
frequency for minimum perception through a street car 
background noise level of 86-90 db corrected for attenu- 
ation with distance (40 percent humidity). Add 15 db to 
ordinate scale to correct for building shadows, terrain 
losses, etc. 


for very unusual conditions. Even the propaga- 
“ion time of the sound signal in these days of 
high speed aviation would be an objectionable 
factor with the centralized type of distribution. 
The economics of sound signal distribution, 
nevertheless, calls for a minimum of high 
powered high efficiency sources such as specified 
by the OCD to form the basic outdoor air raid 
warning system for the general public. The 
primary purpose of the basic system is to warn 
people on the streets and in the exterior rooms 
of buildings of an impending air raid. 

While a basic system consisting of widely 
separated high powered sources will give ade- 
quate coverage over the majority of areas, many 
local areas will require supplementary coverage 
owing to abnormally high noise levels, large 
building shadows, high transmission losses of 
office and industrial buildings, and other uncon- 
trollable causes. Such local or supplementary 
coverage can be most economically handled by 
the more commonly available types of signalling 
systems. Of particular use here are the public 
address and other sound systems which permit 
voice communication as well as alarm signalling 
of various types. For small areas the cost per 
unit area, per unit of power, may not be any 
greater for the local type system than for the 
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larger systems since the sound energy can be 
directed to the street areas where it is most 
needed and is freer from air transmission losses, 
building shadows, wind effects, etc. The local 
system may be sounded by aural cueing from 
the basic system or by automatic central control, 
as for example, through the fire box wiring. 
Inspection of the data in Figs. 7, 8, and 9 shows 
that for local coverage greater penetration 
through noise with consequent economic advan- 
tage may be obtained through the use of a 
higher pitched warning signal. 

The use of public address equipment in 
congested outdoor areas as well as in local 
indoor areas appears extremely desirable for 
morale building purposes and in controlling or 
directing crowds to air raid shelters and to 
prevent panic and confusion such as might occur 
if the air raid warning and blackout come 
simultaneously. In this connection the mobile 
type of sound system should be particularly 
useful in handling emergency conditions which 
during war time occur frequently and in unpre- 
dictable locations. 

The electronic type of sound system has the 
further advantage of great flexibility in the 
production of various types of alarm signals 
such as gas alarm, fire alarm, etc., in addition to 
the “blackout,”’ air raid, and all clear signals. 
Thus, the addition of such an alarm as for “‘gas 
raids”’ which are most apt to occur in the later 
stages of war can be quickly and cheaply 
provided. 

In conclusion, it has been shown that many 
variables enter into the determination of the 
acoustic output, frequency characteristic, and 
distribution of air raid warning signals. From 
the survey data presented the basic sound level 
requirement for covering residential street areas 
may be set at 75 to 80 db above 10-" watt/sq. cm 
for signal frequencies near 400 c.p.s. This signal 
level is considered sufficient to penetrate street 
noises having an ambient level equal to and 
peak levels up to 10 db above the signal level, 
that is, street noises up to 85-90 db; it will also 
penetrate indoor noises which are no_ higher 
than the noise level transmitted from the outside, 
that is, indoor peak noise levels up to 70-75 db 
assuming a transmission loss due to the building 
walls of 15 db at 400 c.p.s. Where the noise 
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levels are known to be more or less than the 
above specified values, a corresponding correc- 
tion may be made in the signal level but in no 
cases should a noise level be assumed less than 
70 db which is the commonly accepted level for 
ordinary conversation. 

Since 10-° watt/sq. cm corresponds to a sound 
level of 80 db, in the case of local coverage 
1 acoustic watt would cover approximately 
100,000 sq. ft. or an area approximately equiva- 
lent to a city street one block long. Acoustic 
powers to cover correspondingly smaller or 
larger areas can be figured by direct proportion 
to the figures just given and serve as a simple 
way for determining local coverage. The area 
method for determining coverage assumes full 
utilization of the sound power radiated. In 
general this calls for directional sources. The 
strength of the directional source should be 
approximately 95 db at 100 ft. for an acoustic 
output of 1 watt. (Approximately 64 one-watt 
sources would be required to cover a square mile 
or 16 if the sources are rotated.) Since in the 
case of local coverage no noticeable loss occurs 
for the transmission of high frequencies in the 
air a signal frequency of approximately 2000 
c.p.s. would appear desirable in order to take 
full advantage of the ear sensitivity curve 
masking characteristic, in which case the signal 
level of 80 db will penetrate noise levels 5—10 db 
above the peak noise levels already specified. 
This audibility factor is of particular importance 
in the case of indoor local coverage in industrial 
areas where noise levels are high. 

To create a distinctive tone which is easily 
distinguished from other types of warning 
signals it is desirable to vary or warble the tone 
of the signal +10 percent of its fundamental 
frequency at a rate of 4 to 6 c.p.s. Other rates 
of warble from 1 to 8 (or even higher) might 
also be used to represent different degrees of 
warning such as slow warble for blackout, normal 
warble for air raid, and very fast warble for gas 
alarm. (The effectiveness of these variations is 
psychological rather than physiological; that is, 
no change in actual audibility is noticeable 
between the varying rates.) 

In the case of the basic or blanket type of 
coverage, before the source strength or sound 
intensity level at 100 ft. required to give a 
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signal level of 80 db over a given region can be 
figured, several correction factors must be applied 
due to certain propagation losses. Firstly, 
Knudsen has shown that for unobstructed 
propagation (well above the roof tops) over 
long distances, losses greater than that predicted 
by the inverse square law occur due to molecular 
absorption, especially at the higher frequencies. 
(See Table I which shows the loss factors for 
various distances of projection.) To keep these 
losses, as well as other losses, as low as possible 
the signal frequency for distance projection 
should be in the neighborhood of 400 c.p.s. 
Propagation over absorptive terrain increases 
the losses further. A second correction factor 
which must be added to the original source 
strength is a loss of 15 db due to building 
shadows. All these losses coupled to interference 
effects, skip areas, wind effects, and other 
vagaries of atmospheric acoustics make pro- 
jection beyond 1-—1.5-mile radius impractical 
for a centralized source. If we take 1 mile as an 


acceptable projection radius then the source 
strength at 100 ft. must be 132 db to give the 
required signal level of 80 db at that radius. 
For a directional source with a 60° distribution 
angle this would represent an acoustic output of 
approximately 10 kilowatts. In order to get 360° 
coverage the source should be rotated at a rate 
of 4-6 r.p.m. 

While variations due to wind may be very 
great it is assumed that multiple sources will 
always be used such that every area will have a 
lee side. 

The authors wish to express appreciation to 
the members of the RCA Acoustical Develop- 
ment group for the many helpful suggestions 
given both in the making of the tests and in the 
preparation of the paper. Special credit is due 
Messrs. W. L. Pondrom, S. Caldwell, and J. 
Hexem, who assisted in making the various 
tests and in the preparation of the equipment, 
and to Messrs. H. J. Wall and J. B. Gehman 
who developed the signal circuits. 
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Air Raid Siren Field Tests 


LAURENCE M. BALL 
Chrysler Corporation, Detroit, Michigan 


(Received June 6, 1942) 


HREE important factors in estimating the 
distance at which a given air ,raid siren 
will produce a specified signal level are: 

1. Source strength No is the sound level (deci- 
bels) produced at a distance of 100 feet from the 
source. 

2. Signal level N, is the level of the signal 
(decibels) at a distance D (feet) from the source. 

3. Attenuation factor ais the number of decibels 
the signal level is reduced each time the distance 
from the source is doubled. 

Number of distance doubles n is a convenient 
parameter and is the number of times the dis- 
tance must be doubled, starting from 100 ft., to 
reach the distance D. 

These various factors are related as follows: 
D= Distance from source (feet) 

No=Strength of source (db at 100 ft.) 
N,=Signal level (db) at distance D 
a= Attenuation factor—loss in signal level—db 
per distance double 
n= Number of distance doubles in going from 
100 ft. to D ft. 


D=100X 2" (1) 


(No—N;)/a=number of times distance must be 
doubled to decrease the signal level from No 
to N,. 

Thus 
(No—N,)/a=n, (2) 
No—Ns 


D=100XK2 * . (3) 





The National Bureau of Standards has meas- 
ured the source strength No» for a variety of 
horns and sirens and found values ranging from 
100 decibels to 135 decibels. The proper place 
from which to obtain data on particular units is 
the National Bureau of Standards. 

The signal level required for adequate warning 
is not definite and depends upon the background 
noise level. The pitch generally employed is low 
enough so that the signal penetrates ordinary 
buildings about as well as street noise and conse- 
quently there is no important discrimination 


10 


against the signal. To be effective, the signal 
level should be at least as high as that of the 
street noise. Listening tests in Detroit, Michigan, 
indicate that a signal level of 80 to 90 decibels is 
quite satisfactory, and similar tests in Lansing, 
Michigan, indicate that a slightly weaker signal 
might be acceptable. 

The attenuation factor a, the relation between 
signal level and distance from the source, has 
been determined in several tests and varies con- 
siderably, depending upon the terrain over which 
the signal is propagated. 

Under certain conditions, we should expect 
the intensity in the expanding wave to vary in- 
versely with the square of the distance from the 
source, or, in other words, we should expect the 
attenuation factor to be 6. This has been con- 
firmed by measurements at various distances up 
to 2500 feet from a group of aircraft engine test 
houses where sound levels in the 400 to 800 cycle 
per second frequency band very closely approxi- 
mate the inverse square law. In one test of a 
large 135-decibel (No) siren, lent to us by the 
Bell Telephone Laboratories, the siren was 
mounted on the Ambassador Bridge, Detroit, 
and the signal level at the top of the Penobscot 
Building, 1.9 miles distant, was 95 decibels. The 
attenuation factor is calculated as follows (see 
Fig. 1): 

No=135 db; N,=95 db=signal level at Pen- 
obscot Building; D=1.9 miles =distance to Pen- 
obscot Building. From Eq. (1), 2"=D/100= 
(1.9 5280) /100=100; »=6.65. From Eq. (2), 
a=(No—N;)/n= (135 —95) /6.65 = 6. 

In this case, the measured attenuation factor 
is equal to that derived from the inverse square 
law. However, signal levels measured on the street 
at the base of this same building were less than 
70 decibels, indicating a much greater attenua- 
tion factor for signals propagated closer to the 
ground. 

Three tests of centrifugal sirens at Beltsville, 
Maryland, over rolling ground with tall grass 
gave the results in Table I. 
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Fic. 1. Test No. 53, Ambassador Bridge, Detroit. 


Thus, we see that in the Beltsville tests the 
attenuation factor is considerably greater than 
that deduced from the inverse square law. The 
greater attenuation is no doubt due to absorp- 
tion of sound in the grass. Had these measure- 
TABLE I. Test No. 351, Beltsville, Maryland. D=1}3 miles; 

2” = (1.55280) /100 (n=6.3). 











Test A B ¢ 

No 102 114 125 

N; 52 62 74 
No— Ns 50 52 51 


a=(No—N,)/6.3 8 8} 8 














TABLE II. Test No. 52, Detroit, Michigan. No= 135. 














; D } mile 1 mile 1} miles 1} miles 
N 85 74 72 70 
No— Ns; 50 61 63 65 
n 4.7 Let | 6.3 6.5 


a 103 103 10 10 


— = - 





ments been made at a great distance above the 
ground, we might have expected an attenuation 
factor of 6, as observed in the Ambassador Bridge 
test. 

In another test in Detroit, the large siren was 
mounted on the roof of an eight-story building 
in the downtown area and measurements in the 
street at various distances gave the results in 
Table IT. 

Here, the attenuation was so rapid that at 
two miles the signal level was less than the level 
of street noise. During this test, Mr. E. C. 
Rumsey, Chief of Apparatus, Detroit Fire De- 
partment, had instructed firemen on duty at 
the several engine houses to be on the alert, and 
reports were received of the signal having been 
heard at a distance of 8 miles. In spite of these 
reports, however, the signal was not considered 
adequate at distances greater than 1} miles. 

In Lansing, Michigan, where there were not 
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Fic. 


so many tall buildings, the test results were as 
given in Table III. 

These higher attenuation factors seriously re- 
duce the effective range of air raid sirens. For 
example, assuming that Vp =135, V,=80, ai:=6, 
ag= 10: 


n= (No—N,)/a1= (135 —80) /6=9.2 
D,=100X 2°” =59,100 feet = 11.2 miles. 
If the attenuation factor be 10: 
n2= (135—80)/10=5.5 
Dz2=100 X29 = 4500 feet =0.85 mile. 


The ratio between the areas effectively covered 
in the two cases is: 


A,/A2= (D, /D»)? == (11.2/0.85)? = 174. 


This means, of course, that under the assumed 
conditions areas having an attenuation factor of 
10 would require 174 times as many sirens as 
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areas where the attenuation factor is 6. Great 
caution must be exercised in applying the results 
of tests over one kind of terrain to estimate the 
results which may be expected over a different 
type of terrain. 

From the results obtained to date, it appears 
that over unobstructed hard surface ground or 
high in the air, the attenuation factor is approxi- 
mately 6. Over grass or similar surfaces, the at- 
tenuation factor is approximately 8, and through 
cities where there is considerable absorption and 
dispersion, the attenuation factor is 9 to 11. 
TABLE III. Test No. 149, Lansing, Michigan. No= 130 db. 











D } mile 1 mile 1} miles 

N, 85 73 71 
No—N; 45 57 59 

n 4.7 5.7 6.3 
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H 10 9} 
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It is interesting to note how a reduction in 
source strength reduces the area of effective 
coverage. 

From the previous example: 


No= 135 
N,=80 
a=10 


D=0.85 mile. 
For a source strength of Nyo=130 


n' = (No—N,)/a= (130—80) /10=5 
D’ = 100 X 25= 3200 feet = 0.606 mile. 


The ratio of areas covered is: 
A’'/A=(D'/D)*?= (0.606/0.85)?=0.51. 


Reducing the source strength 5 decibels in this 
case reduces the effectiveness of the siren by 
about 50 percent. 

We recently heard of a very interesting new 
air raid warning device which was said to pro- 
duce a signal level of 290 decibels at a distance of 
100 feet. If this device were to radiate equally in 
all directions, the total acoustic power would be 
approximately 10'*8 kw. It is instructive to note 
that this is about 25,000,000 times the total 
electric power generating capacity in the United 
States. As yet, this report has not been con- 
firmed by test. 

We have found that it is quite essential to 
make careful preparations for tests of this kind. 
Usually representatives of the Fire Department, 
Police Department, local government, civilian 
defense organizations, newspapers, and others 


are present, and unless the tests have been well 
planned there is likely to be a good deal of con- 
fusion. In addition to deciding on the direction 
and location of the siren, the location of the test 
stations, etc., the exact time and duration of 
sounding should be definitely established. If the 
pitch is variable, at least one test should be run 
at constant pitch in order to obtain steady noise 
meter readings. It is customary to use un- 
weighted noise meters. In the Detroit tests, 
Chief Rumsey, of the Fire Department, made all 
the necessary arrangements and prepared in ad- 
vance printed copies of the sounding schedule. 
These schedules were followed exactly and were 
very helpful to the men taking field measure- 
ments. 

From the Detroit tests, it was concluded that 
the effective radius for 135-decibel sirens would 
be about one mile in the business sections and 
13 miles in the residential sections. 

Chief Rumsey has selected the locations shown 
on the map (Fig. 2) for the twenty sirens re- 
quired for Detroit. The hose drying towers of 
the fire engine houses make excellent mounting 
places for 16 of the sirens; the other 4 will be 
mounted on tall buildings because of local 
conditions. 

I would like to suggest that, if any of you have 
occasion to conduct similar tests, it would be 
very helpful if copies of your results could be 
forwarded to the Office of Civilian Defense, 
Washington, D. C., attention Dr. E. J. Abbott, 
in order to build up a background of experi- 
mental data on attenuation factors. 
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The Translational Dispersion of Sound in Gases 


H. PRIMAKOFF 
Queens College, Flushing, New York 


(Received March 20, 1942) 


The translational dispersion of sound in gases is discussed from the standpoint of kinetic 
theory. An explicit relation is derived for the variation of sound velocity with frequency in 
monatomic gases; this relation is: V= Vo(1—5.4/?/d*), where / is the mean free path, and \ the 
wave-length. The possibility of experimental observation of translational dispersion is briefly 


discussed. 





INTRODUCTION 


HE vibrational and rotational dispersion of 
sound in gases, with its accompanying ab- 
sorption, has been extensively studied.' The 
origin of this dispersion is the lag in the transfer 
of energy between the translational and the 
internal (vibrational, rotational) degrees of free- 
dom. In addition, a dispersion of entirely differ- 
ent origin should occur universally, regardless of 
intramolecular lags. This latter dispersion is due 
to the translational motion of the molecules and 
the mutual collisions resulting therefrom. The 
translational dispersion is much smaller under 
ordinary conditions than the vibrational dis- 
persion, and so could be most advantageously 
observed when the latter is not present; e.g., in 
the monatomic gases, or in di- and polyatomic 
gases for sound frequencies large compared to the 
inverse relaxation times. From the energetic 
point of view, translational dispersion involves 
the transformation of the ordered or mean 
velocities which the molecules possess as a 
consequence of their participation in the sound 
wave, into random thermal velocities. Transla- 
tional dispersion is thus inevitably accompanied 
by a corresponding absorption. 

As might be expected, it is found that transla- 
tional dispersion effects first become appreciable, 
when the wave-length of the sound wave, \, 
approaches the order of magnitude of the mo- 
lecular mean free path, /;? or equivalently, when 


1See, e.g., W. T. Richards, Rev. Mod. Phys. 11, 36 
(1939) ; L. Bergmann, Ultrasonics (Wiley, 1938), Chapter 3. 

2K. F. Herzfeld and F. O. Rice, Phys. Rev. 31, 691 
(1928); E. U. Condon, Am. Phys. T. 1, 18 (1933); L. 
Bergmann, reference 1, p. 137; Rao and Ramaiya, Phys. 
Rev. 60, 615 (1941); Herzfeld, Ann. d. Physik 23, 465 
(1935). In this last paper, Herzfeld gave a treatment of 
sound propagation based on kinetic theory, in an attempt 
to explain experimental results which seemed to indicate 
a greater absorption than the theoretical, in helium. In the 


14 


the frequency of the external impulses acting on 
the gas, fext, ie., the frequency of the sound 
wave, approaches the frequency of collisions 
undergone by each molecule, f.o1. The physical 
basis for the appearance of the parameter 
1/X~fext/feor may be seen from the following 
considerations: when A~/ and fext ~feo1, a mole- 
cule can travel without any intervening collisions 
from a region where the phase of the sound wave 
(and so the phase of the molecule’s ordered 
velocity), has a particular value to a second 
region with an altogether different value for the 
phase of the sound wave. Thus, there will occur 
numerous collisions between molecules having 
quite different values for their ordered velocities ; 
as a result of these collisions, the ordered or 
‘“‘mass’’ motion of the molecules will be trans- 
formed into random thermal motion and the 
propagation of the sound wave violently affected. 
In fact, when f,xt is considerably greater than foi, 
no sound wave in the ordinary sense can be 
propagated at all. 

In conclusion, the relation of the present 
kinetic theory treatment of the translational dis- 
persion, to the conventional hydrodynamic treat- 
ment of sound propagation,’ should be considered. 
In the hydrodynamic theory, the gas is viewed 
as a continuous fluid with appropriate velocity, 


expressions he obtained for the absorption coefficient and 
sound velocity, there remained, however, some undeter- 
mined coefficients, whose order of magnitude was known, 
but whose exact numerical values were not. These nu- 
merical values could only be obtained when the molecular 
velocity distribution function was found explicitly to the 
necessary (third) order of approximation. The requisite 
discussion of the molecular velocity distribution function 
was first given by D. Burnett, Proc. Lond. Math. Soc. 40, 
382 (1935), whose results as expounded by S. Chapman 
and T. G. Cowling, Mathematical Theory of Non-Uniform 
Gases (Cambridge, 1939), Chap. 15, are used in the present 
paper. 

5 See, e.g., Lord Rayleigh, Theory of Sound (London, 
1896), Vol. 2. | 
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density, pressure, viscosity, and heat conduc- 
tivity; this concept also results in a dispersion 
and absorption effect for sufficiently small X. 
The ‘‘hydrodynamic’”’ dispersion arises from the 
presence in the equations of the viscosity and 
heat conductivity; it can thus be considered as 
the formal analogue of the kinetic theory transla- 
tional dispersion effect. However, when in the 
equation for the ‘‘hydrodynamic’”’ dispersion, the 
viscosity and heat conductivity coefficients are 
expressed in terms of the molecular mean free 
path by usual kinetic theory formulae,‘ the 
resulting relation differs from the translational 
dispersion derived directly and entirely by kinetic 
theory.> The discrepancy between the two dis- 
persion formulations originates in the use of the 
“static’’ viscosity and heat conductivity values 
in the hydrodynamic treatment, while the kinetic 
theory introduces additional terms® into the 
effective viscosity and heat conductivity of the 
gas which become dominant at high frequencies. 


OUTLINE OF KINETIC THEORY CALCULATION 


The central problem in the kinetic theory 
treatment of sound propagation is the determi- 
nation of the distribution function for molecular 
velocities f(r, v, 4), in that particular non-equi- 
librium state in which the sound carrying gas 
finds itself. Here f(r, v, ‘)dvdr is the probable or 
mean number of molecules in the range dvdr; f is 
to be found by solving the Boltzmann integro- 
differential equation’ which correlates rates of 
change of f due to the undisturbed motion of the 
molecules, the external forces acting on them, 
and the collisions between them. 

The physical parameters which characterize 
the (non-equilibrium) state of gas are: 


p(r, t), the density of the gas at place r, at time f; 
u(r, ¢), the mean, or ordered, or ‘‘mass,”’ velocity 
of a molecule located at place r, at time f, 
due, in this case, to the molecule’s partici- 
pation in the sound wave; 
3kT(r,t), the mean value of the random or 
thermal kinetic energy of a molecule 
located at place r, at time ¢.8 
4 See Eqs. (9), (10) below. 
5 See Eq. (21) and ensuing discussion. 
5 See Eqs. (7), (8), and the discussion after Eq. (18). 
7 See Chapman and Cowling, reference 2, Chap. 3. 
* Here, & is Boltzmann's constant and T is the generaliza- 


tion of absolute temperature to states of non-equilibrium; 
see Chapman and Cowling, reference 2, p. 37. 





In terms of f, the parameters p, u, 7, are 
given by :° ; 


p=m{ fav, (1) 
a=(m/p) f fudv, (2) 


gkT =(m/p) f f(m/2)(v—u)dv. (3) 


Conversely, with the use of Eqs. (1), (2), and 
(3), the arbitrary functions in any solution f, of 
the Boltzmann equation, can be found in terms 
of p, u, 7, and their derivatives; thus, f can be 
determined completely (at least in principle) in 
any specified (non-equilibrium) state of the gas.!° 

The mechanical and thermal behavior of the 
gas is characterized by the pressure tensor and 
heat current vector. The pressure tensor p;z, etc., 
and the mean “hydrostatic’’ pressure p, are 
given by: 


peo= f fm(0.—u.)(0.—u,)dv, etc. (4) 
P= 3(PeztPwtPzz)=p(k/m)T, (5) 


the last equality being a consequence of (4) 
and (3). 


The heat current vector is 4 
q.= [ fE(0.—u.)de, etc. (6) 


Once f has been determined from the Boltz- 
mann equation and the ‘“‘boundary”’ conditions, 
Eqs. (1), (2), and (3), 22 and gz can be expressed 
in terms of p, u, T or p, and their derivatives, by 
using Eqs. (4), (6). Thus, an evaluation of f to 
the third order of approximation, and the re- 


° m is the mass of a molecule. 

10 This is done by a method of successive approximations 
developed mainly by Enskog and Chapman. See the 
exposition in Chapman and Cowling, reference 2, Chap. 7, 
8, 15. 

1t In Eq. (6), E is the total thermal energy per molecule, 
and is the sum of the molecule’s thermal kinetic energy 
(m/2)(v—u)? and of the molecule’s internal energy. Now 
the most favorable conditions for the experimental observa- 
tion of translational dispersion occur in the monatomic 
gases where no other possible cause of dispersion is present. 
For this reason, and also because of simplicity, the dis- 
cussion will henceforth be confined to the monatomic gases, 
and for these gases, E = (m/2)(v—u)?*. 
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sultant evaluation of p.:, gz, gives: 


4 ou 4 ap 
Pez = Pp ——u— ——(u?/pp)— 
3 dx 3 Ox? 


2 


+2(u*/pT)—+terms (7) 
Ox? 


proportional to uw? and depending on prod- 
ucts of first derivatives of p, u, T, p. 


oT 23 07u 


Qz2= —v—+—(pu?/p)—+ terms (8) 
Ox 4 





proportional to yw? and depending on prod- 
ucts of first derivatives of p, u, T, p. 


Here, u, v are the ordinary “‘static’’ coefficients 
of viscosity and heat conductivity, namely :!** 


1 
a= * ia tani (9) 


5/3 k 
r=-(- —) (10) 

2\2 m 
Finally, p, u, T, p, and p.:, gz, are connected 
by equations which are formally just the equa- 
tions of continuity, of motion, and of thermal 
energy, in hydrodynamics. These equations are 
derived by multiplying the Boltzmann equation 
by m, m(v—u), m/2(v—u)?, respectively, re- 
membering that these quantities are conserved 
during intermolecular collisions, and integrating 
over the whole range of v. In this way, there are 

obtained the equations :* 





Dp ou 
Dt Ox 
— Ops: _ 
"Dt Ox 


ou Ogz _ 


22 See Chapman and Cowling, reference 2, Chap. 15, Eqs. 
(4)-(7) on p. 265, Eq. (5) on p. 267, Eq. (1) on p. 268. Only 
the one-dimensional case is discussed, which is no restric- 
tion; thus, w=, and p, p, T, u, prz, gz depend only on x. 

138 See Chapman and Cowling, reference 2, Chap. 12, Eq. 
(6) on p. 218; Chap. 13, Eq. (2) on p. 235. 

13 See Chapman and Cowling, reference 2, Chap. 3, 
Eqs. (1)—(5) on p. 51-2. 


PRIMAKOFF 


The Eqs. (11), (12), (13) with p.., g, expressed 
by Eqs. (7), (8), are the relations between p, u, 
T, p, and their derivatives which are required for 
the treatment of sound propagation in the gas. 
The amplitude of the sound wave is customarily 
specified either by u, or by s=(p—po)/po, or by 
5=(p—po)/po, where po, po, are the equilibrium 
values of ~, p which subsist in the gas when no 
sound is propagated. u, s, 6 and any of their 
derivatives are treated as small quantities of the 
first order. In terms of u, s, 6, Eqs. (11), (12), (13) 
(with p,,, gz expressed by Eqs. (7), (8)), become: 


Os OU 
—+—=0, (14) 
Ot Ox 

Ou 06 «64 O7u 





—+(po/ po 
ot Ox 


0°65 0 


2 
+—(u?/ po”) —— 2(u?/po?)—-=0, (15) 
3 0x? 0x? 


30 





23 0*u 
+—(u?/popo)—=9, (16) 
4 0x? 


and, eliminating u from Eqs. (14), (15), (16), 
one finally obtains 


ws Os 4. Os 











2 046 04s 
+—(u?/ po?) —— 2(u?/po?)—=0, (17) 
3 ox? ox! 
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23 
——(u*/ Popo) 
6 Ox*dt 





=0. (18) 


Equations (14), (15), (16), or rather (17), (18) 
are the ‘‘wave”’ equations governing the propaga- 
tion of sound waves of small amplitude in the 


gas. The solution of Eqs. (17), (18) will be given 


in the next section. 
In concluding this section, it should be noted 
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that the continuous fluid hydrodynamic theory 
takes 
oT 4 du 
es Pzez=P—-—u— 
Ox 3 dx 


' the additional second derivative terms in Eqs. 


(7), (8) arising from the kinetic theory determina- 
tion of f to the third order of approximation." 
Now, in the sound wave, one has a harmonic 
spatial variation of p, p, T, u, the operator d/dx, 
thus, being equivalent to multiplication by 27/X. 
Further, uw is proportional to /; thus, it is seen 
that the ‘‘hydrodynamic’”’ first derivative terms 
in Prz, dz are ~/1/X, while the additional second 
derivative terms which are the peculiar feature 
of the present treatment are ~ (//\)*. However, 
it will be seen below [see Eq. (21) and text 
after Eqs. (21), (22) ] that these second-deriva- 
tive terms are no less important for the dis- 
persion, which is an effect in (//A)*, than the 
quadratically contributing first-derivative terms.!5 
Finally, the higher order approximations to f, 
give terms in p;:, gz proportional to yu’, w4, ---, 
and to the third, fourth, ---, order derivatives 
of p, p, T, u. Thus higher order approximations 
to f, introduce terms into p,,, gz and so into 
the sound velocity, which, as far as dependence 
on powers of //X, are at least ~ (//X)%, (1/A)4, - 

It is therefore seen that, in its application to 
the sound propagation problem, the Enskog- 
Chapman method of solving the Boltzmann 
equation for f by successive approximations, 
amounts to an expansion in powers of //X. 


DERIVATION OF THE EXPRESSION FOR 
TRANSLATIONAL DISPERSION 


To obtain the expression for the variation of 
the sound velocity with wave-length or frequency 
it only remains to determine the ‘‘wave-like”’ 
solutions of Eqs. (17), (18). Considering the 





“ The first-order approximation to f gives p..=p, g: =90; 
the second-order approximation gives 
4 Ou oT 
Pes ™P— Fag? 2™ — ay 
the third-order approximation gives the complete ex- 
pressions of Eqs. (7), (8). See Chapman and Cowling, 
reference 2, Chap. 7, 15. 

16 There is no dispersion term ~//\, though the absorp- 
tion coefficient is ~//A. See Eqs. (21), (22) below. The 
hydrodynamic first derivative terms contribute linearly 
to the absorption coefficient, but only as their squares to 
the dispersion. 


sound to be propagated as a progressive (damped) 
wave, one puts: 


S=soete2-e8) 6= bpe*e2—-#8) (19) 


where So, 59 are the constant amplitudes, and o 
will turn out to have to be a complex constant, 
if the expressions of Eq. (19) are to be solutions 
of Eqs. (17), (18). 

Indeed, the s and 6 of Eq. (19) are solutions 
of Eqs. (17), (18), if 


Bo (5/3) +43 (vm/pok) (o*/w) — (23/6) (u?/Popo)o? 


So 1+723(vm/pok)(o?/w) 
w*+1(4/3)(u/ po)o*w — 2(u?/po”)o* 

(Po/ poo? — 3(u*/ po”)o* 
whence solving for ¢ in terms of w, and neglect- 
ing during the solution, terms ~p'o°, uto*, ---, 
i.e., terms ~(l/d)%, (1/X)4, one obtains, for the 


sound velocity V, and for the absorption coeffi- 
cient per wave-length a, 








(20) 


w 4r? 2 4 
Vue vf 1+ (ut + ulm /k) 
Reo V07p0°A? 3 9 


13 53 
——(vm/k)*—— 1") | (21) 
150 36 


with Vo=[(5/3)(po/ po) } 
a=2(Imo)y 


4n? £4 5 v 
ns ae ae ie 
Vopodl3 3 (5/2)(k/m) 


In Eq. (21), for V, it is to be noted that the 
last term, —(53/36)u?, which comes from the 
second derivatives in p::, gz contributes just 
about as much to the dispersion, as the first 
three terms, 


2 4 13 
—p?+—p(vm/k) —-——(vm/k)?, 
3 9 150 





which come from the “hydrodynamic” first 
derivatives in p,:, gz.'® On the other hand, it is 





‘6 In the paper of Herzfeld and Rice, reference 1, where 
a hydrodynamic treatment is given, the coefficient of the 
term proportional to v? appears as 4/150, instead of 13/150 
as in the present paper. (Herzfeld, reference 1, also has 
4/150.) It seems that Herzfeld’s coefficient is in error due 
to his having used a not altogether correct method of 
successive approximations in solving for ¢ in terms of w. 








18 H. 


seen from Eq. (22), that, to the third order of 
approximation in f, the complete kinetic theory 
treatment gives the same value for a, as is de- 
duced from the hydrodynamic theory." 

Finally, expressing yp, v, in terms of /, by 
means of Eqs. (9), (10), one obtains from Eqs. 
(21), (22), 


V=V(1—5.4/2/d2), (23) 
a=57.31/X. (24) 


It is to be noted that the velocity decreases, as 
the frequency increases.'*® 


DISCUSSION 


The most favorable conditions for the experi- 
mental observation of translational dispersion 


17 See Herzfeld, reference 1. 

18 Herzfeld and Rice, reference 1, give a physical explana- 
tion for the reason that the viscosity “hydrodynamic’”’ 
first derivatives increase V [see term (2/3)? in Eq. (21) ], 
and the reason that the heat conductivity ‘‘hydrodynamic” 
first derivatives decrease V [see term — (13/150)(vm/k)? 
in Eq. (21)]. It is seen further that the kinetic theory 
second derivatives decrease V [see term — (53/36)? in 
Eq. (21) ]. The over-all effect is a decrease. 





PRIMAKOFF 


occur in the monatomic gases where no other 
possible cause of dispersion can be present. 
A great difficulty is the fact that the same 
parameter //\, determines the magnitude of both 
the translational dispersion and the absorption, 
so that the former cannot become appreciable 
without the latter becoming large. The deter- 
mining parameter //\, is (for a given p, T) 
greatest for helium; in fact, for helium, 


l/A~2X 10-4(7°/273) Y wea! Permer (25) 


where Patmos iS pressure in atmospheres and fineg 
is frequency in megacycles. As a numerical ex- 
ample, take Patmos~1/10, finee~ 20, T~273°K; 
then //A\~1/25, and the velocity dispersion term, 
Vo 5.4/?/d?, is about 10 meters/sec., i.e., about 1 
percent of Vo. With the same numbers, the 
absorption coefficient per wave-length a is ~2, 
and so the intensity of the wave falls to 1/e of 
its initial value, in a distance of ~\/2~}X107 
cm. This very large absorption would make 
extremely difficult, any experimental verification 
of the expression for the translational dispersion 
given in Eq. (23). 
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An Absolute Pressure Generator and Its Application to the Free-Field 
Calibration of a Microphone 


W. JAY KENNEDyY* AND C. P. BONER 
University of Texas, Austin, Texas 
(Received January 28, 1942) 


A device for producing a known pressure at designated points in a progressive plane sound 


wave is described. The method of using this 


absolute pressure generator’ to effect the free- 


field calibration of a velocity microphone over a limited frequency range is outlined, and the 
results compared with a Rayleigh-disk calibration. Suggestions are given for extending the range 
over which the generator can be used as a microphone calibrating agency. 





INTRODUCTION 


HE free-field calibration of a microphone 

gives a truer idea of its over-all response 
than a pressure calibration for distant pick-up. 
This is true because of the distortion of the sound 
field in the neighborhood of the microphone, 
especially for wave-lengths comparable with the 
dimensions of the microphone. A low impedance 
instrument, such as the ribbon microphone, 
necessarily must be calibrated by a free-field 
method. The Rayleigh-disk technique is em- 
ployed in making absolute measurements of the 
response of a microphone in a free field. In fact, 
the terms “‘Rayleigh-disk calibration”’ and “‘free- 
field calibration” have become synonymous when 
speaking of absolute measurements. However, 
the Rayleigh-disk procedure is difficult to carry 
out, and in addition, a specially equipped room 
is almost a necessity. A simpler method using 
more rugged equipment than the Rayleigh disk 
would be more satisfactory, even for workers 
who only occasionally find it convenient, or 
necessary, to make an absolute calibration of a 
microphone. 

The absolute response of a microphone in 
terms of the pressure in a free-field can be 
determined in either of two ways. In the first 
method, the pressure at a point in the field is 
measured by an absolute method.! In the second 
method, the pressure is computed from the 
dimensions and amplitude of vibration of the 
source. A sound source of such simplicity that 


* Now at Sam Houston Teachers College, Huntsville, 
Texas. 


'See for instance, H. F. Olson and F. Massa, A pplied 


Acoustics (P. Blakiston’s Son and Company, Philadelphia), 


second edition, pp. 279-283. 


the pressure at designated points in the field 
produced by it can be computed readily from 
its dimensions and amplitude, may be called a 
“standard source’ or an ‘‘absolute pressure 
generator.” Three such possible sources im- 
mediately come to mind: a uniformly pulsating 
sphere in space; a uniformly pulsating hemi- 
sphere in an essentially infinite baffle; and a disk 
vibrating axially as a piston in an essentially 
infinite baffle. Only the last of these is practi- 
cable, since the principal difficulty encountered 
is in the measurement of the amplitude of 
vibration of the disk. 

In order for the absolute pressure generator 
to be acceptable, the calibration results obtained 
with it should agree satisfactorily with the 
Rayleigh-disk calibration. The instrument to be 
described meets the above requirement over the 
frequency range from 170 to 1000 cycles. 


CONSTRUCTION 


A Western Electric loudspeaking telephone 
with a four-inch voice coil was reconstructed as 
shown in Fig. 1. Piston movement of the disk 
without non-linear distortion can be obtained— 
first, by constructing the moving and magnetic 
systems symmetrically about the axis of the 
disk, and second, by using disks of sufficient 
thickness. The first condition is purely a con- 
structional matter, and the second depends on 
the frequency over which the disk is to be used 
as a source and the method of attaching the 
disk to the driving head. 

To the center of the driving head was attached 
a brass wire which extended through a hole in 
the center pole. To the other end of this wire 
was fastened a small coil, one side of which lay 
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Fic. 1. The absolute pressure generator. B—baffle, D—disk, P—poles, S—search coil 
shields, SC—search coil, P./—permanent magnets, H—driving head. 


between the pole faces of a permanent magnet. 
The voltage generated across the terminals of 
the coil serves as a measure of the amplitude of 
vibration of the disk, provided a calibration has 
been made which gives the voltage as a function 
of the amplitude for each frequency used. 

The ‘‘essentially”’ infinite baffle consisted of 
the side of the physics building. A window was 
covered with ply-board and the disk sealed into 
a hole in this board. In order to accommodate 
disks of different diameters, the disks were 
sealed to boards attached to the framework of 
the generator and these small boards were 
clamped to the large board. The disk-to-baffle 
seals can be made with rubber cement or with 
zephyr skin. The latter type of seal is more 
permanent, easier to make, and causes less 
mechanical coupling between the disk and baffle. 
A single support 18 feet tall, and resting on 
tracks, held the microphone in front of the disk. 
This arrangement allowed the distance between 
the microphone and disk to be adjusted readily 
along the axis of the disk. 

For r>ro and \=2z7ro, the axial pressure is 
given by the expression,” 


p= 22 pororéf?/rv2, 


2N. W. McLachlan, Proc. Roy. Soc. 122, 604 (1929). 


where p=pressure in dynes/cm?, po=density of 
air, y=distance between microphone and disk, 
=amplitude of vibration of the disk, f=fre- 
quency of vibration, and 79=radius of the disk. 

The disks were duralumin, } inch and ;’g inch 
in thickness, and ranged from 5 cm to 10 cm in 


radius. 
CALIBRATION 


All of the quantities necessary for substitution 
in the right-hand side of Eq. (1) are readily 
obtainable except & In order to know ¢ it is 
necessary to know the e.m.f. generated in the 
coil SC as a function of & for each frequency 
employed. An optical interferometer method, 
previously described,** was used to determine £ 
for calibration purposes. 

In this method a small mirror silvered on the 
front is attached directly to the driving head in 
place of the disk. A partially silvered mirror is 
placed in a stationary support in front of the 
first mirror. The mirrors are illuminated with 
monochromatic light from a mercury arc 
(\=5461X10-* cm), and are observed through 
a telescope. 

With the rear mirror stationary the interfer- 
ometer plates are adjusted to produce a sharp 





3H. Osterberg, J. Opt. Soc. Am. 22, 19 (1932). 
4*W. Jay Kennedy, J. Opt. Soc. Am. 31, 99 (1941). 
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Search Coil 


Driving } 


Corl 
Oscillator Ff Ane FT. 
= 





Fic. 2. Circuit diagram showing the arrangement for obtaining 
the comparison voltage. 


interference pattern. When the rear mirror is 
set in vibration normal to its reflecting surface, 
the intensity and position of the interference 
fringes vary with the amplitude. For instance, 
the fringes disappear and the mirrors appear 
uniformly illuminated at values of & equal to 
0.191, 0.439X, 0.688A, etc. 

In the application of this method to the 
measurement of & S was placed in position 1, 
Fig. 2, and the output of the oscillator was 
applied to the driving coil and adjusted until 
the fringes disappeared. The amplified e.m.f. 
generated in the coil SC was read on the volt- 
meter J. Then with S in position 2 the voltage 


Comparison Volh 19@ 


600 
Frequency in Cycles / Sec. 





Fic. 3. The linear relationship between comparison volt- 
age and frequency for a given amplitude of vibration, 
191d. 


was adjusted until J again indicated the same 
value. The voltage across A was then measured 
and recorded as the “comparison voltage,’’ or 
c.v. It is unnecessary to compute the e.m-f. 
generated in SC since it is proportional to the 
comparison voltage, provided the sliding con- 
tactor remains in a fixed position. The calibration 
constant of the absolute pressure generator for 
any given frequency is then given by the 
expression, 


K;=0.191X (or 0.439\---)/comparison voltage. 


The generator was calibrated for several 
frequencies between 50 and 1000 cycles; however, 
Fig. 3 indicates that a single frequency calibra- 
tion is sufficient, since the e.m.f. generated in 
SC is proportional to the frequency for a given 
amplitude. The calibration remained constant 
throughout the work although the instrument 
was dismantled and reassembled a number of 
times, because the value of Ky; depends only on 
the dimensions of SC, the number of turns on 
SC, and the strength of the permanent magnetic 
field in which SC vibrates. 

At 50 cycles an independent determination of 
Ky; was made, in which the double amplitude of 
the disk was observed through a measuring 
microscope with the disk under stroboscopic 
illumination. The two values of Ky; obtained at 
50 cycles agreed to within 0.26 percent. Irregular 
motion of the disk at this low frequency was not 
detectable with the microscope but was very 
noticeable with the interferometer. For this 
reason the calibration constants determined with 
the interferometer were made with the instru- 
ment resting on an isolated pier. 
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Fic. 4. The frequency response of a velocity microphone showing the comparison 
between the absolute pressure generator and the Rayleigh-disk calibrations. 


FREE-FIELD CALIBRATION OF A 
VELOCITY MICROPHONE 


In the calibration of the microphone the 
instrument was placed in position on the axis 
of the disk which was driven at some convenient 
frequency and amplitude. The amplified voltage 
generated in the search coil was read on J, Fig. 2. 
Then S was thrown to position 2 and the 
comparison voltage adjusted until J read the 
same. This value of the comparison voltage read 
on the vacuum-tube voltmeter multiplied by the 
calibration constant K; for the particular fre- 
quency, gave the amplitude of vibration of the 
disk. Equation (1) was then used to compute the 
pressure in dynes/cm? in a progressive plane 
wave at the microphone position, and the ratio 
E/p was taken, where E was the voltage gener- 
ated by the microphone. The pressures obtain- 
able at distances of 100 cm to 300 cm between 
the microphone and disk ranged from 0.1 dyne/ 
cm? to 0.6 dyne/cm’. 

In Fig. 4 are shown the calibration curves of 
an RCA velocity microphone, Type 44<A, serial 
No. 1255, one of which was obtained by the 
above method (solid line) and the other was 
supplied by the manufacturer in 1933. The 
latter was obtained by means of a Rayleigh disk 
for 400 cycles and higher frequencies, and by a 
standard microphone which had been funda- 
mentally calibrated against a Rayleigh disk and 
condenser microphone for 400 cycles and lower 
frequencies. 


DISCUSSION 


A comparison of the ‘two curves shows a 
satisfactory agreement between the calibrations 
effected by the two methods in the frequency 
range between 170 and 1000 cycles. This agree- 
ment is comparable with that obtained between 
independent Rayleigh-disk calibrations of a 
velocity microphone. Below 170 cycles the 
agreement is not satisfactory. The maximum 
variations between independent calibrations were 
approximately 0.4 db above 170 cycles and 
0.8 db below 170 cycles. 

Disks mounted according to the method 
employed in this work cannot be driven at 
frequencies much greater than 1000 cycles per 
second. At extremely low frequencies it is 
difficult to keep the disks from wobbling. The 
principal cause of the disagreement between the 
two methods at low frequencies may be an 
error in the results obtained with the absolute 
pressure generator caused by wobbling of the 
disk. Later work in which much lighter (and 
thinner) disks were attached directly to the cone 
of a loudspeaker indicated that the abrupt break 
in the calibration curve below 170 cycles is not 
present.> However, the work was discontinued 
before sufficient data could be collected for a 
recalibration check. 

The absolute pressure generator method of 
making the free-field calibration of a microphone 


5R. N. Lane, University of Texas, personal communi- 
cation. 
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possesses several very desirable features, among 
which may be listed the following: 

1. The absolute pressure generator can be used 
outdoors, which is the only place a really 
progressive plane sound wave can be set up. 

2. The instrument is as rugged as a loud- 
speaker. 

3. The calibration of the absolute pressure 
generator depends only on the properties of the 
coil SC and the permanent magnet, and remains 
constant as long as the coil and magnet char- 
acteristics remain constant. 

4. One set of readings is sufficient to obtain the 
data for each calibration point. 


5. A first-order effect is employed; i.e., the 
microphone response is compared with a meas- 
urement which is proportional to the first power 
of the pressure. 

In laboratories where it is necessary to make 
free-field calibrations often, several units could 
be made up including the driving unit, the disk, 
and the disk mounting. The same generating 
coil SC and the same magnet could be used with 
each unit, thus requiring only one set of cali- 
bration data. A calibration chart could be made 
up for each size of disk and for the various 
distances between microphone and disk. 
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Sound Power Density Fields 


J. H. ENNs anp F. A. FIRESTONE 
University of Michigan, Ann Arbor, Michigan 
(Received April 30, 1942) 


A graphical presentation of the streaming of acoustical energy near vibrating radiators and 
reflecting surfaces has been developed. The sound power density field from a simple source, 
a doublet source, a single point source before a totally reflecting plane (free as well as rigid), 
and a piston vibrating in an infinite fixed wall is considered analytically. The starting point of 
all computations is taken as the velocity potential resulting from the particular radiating 
source. Formulae are worked out to allow the computation of percent of total radiation flowing 
through a certain area. By interpolation of the graphs from these equations, the streaming or 
flow of energy for the several radiation fields is shown. 





INTRODUCTION 


HE acoustic wattmeter! is a sound power 
density measuring device and, in view of 
its directional properties, it is of interest to in- 
vestigate the streaming of energy, or lines of 
flow, from a given source. The method here 
followed consists of computing the percent of 
total flux flowing through a given surface. This 
surface is chosen to have its axis of symmetry 
coincide with that of the radiator. The symmetry 
axis may be the axis of the dipole in the case of a 
dipole source, or it may be the central axis 
along which a symmetric body vibrates. In either 
case, by a method of graphic interpolation it is 
shown how 2.5 percent, 5 percent, 10 percent, 
etc., of the total energy radiated ‘“‘streams’”’ 
away from the source. In a region where these 
percentage lines seem to concentrate an increase 
in the output reading of an instrument like the 
acoustic wattmeter is to be expected, and vice 
versa for a region of divergence of such lines. 
The starting point of all computations is the 
velocity potential which is assumed as given. As 
in the similar cases of electromagnetic radiators, 
the problem is principally either that of the 
Aufpunkt being near the source in terms of the 
wave-length or far away. The former is of prime 
interest here, since in the frequency range of the 
acoustic wattmeter—65 to 2000 cycles per second 
—the wave-length is always appreciable. As for 
distances which are large compared to the wave- 
length, the problem is usually simpler, and in 
many cases has been carefully considered. The 


1C. W. Clapp and F. A. Firestone, J. Acous. Soc. Am. 
13, 124 (1941). 
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beam-like radiation from the common conical 
loudspeaker is appreciated by all, but the stream- 
ing of this energy near the speaker is not so well 
known. Nothing as complicated as a cone-speaker 
has been analyzed in this work. Instead, a con- 
sideration of the plane rigid disk vibrating in an 
infinite baffle is taken as the best possible, and 
even then some definite limitations enter in. 

Now the greater the symmetry the simpler is 
the picture. The problem of the pulsating sphere 
radiating into a space free from all diffracting 
objects is therefore trivial. The acoustic watt- 
meter in such a sound field would give an equal 
output reading for all points equidistant from the 
center of the sphere. 

In these considerations of vibrating bodies, it 
has been assumed that the amplitude of vibration 
is small compared to the wave-length. 


THE DIPOLE SOURCE 


In practice a doublet or dipole source can be 
realized by an oscillating sphere, the axis of 
oscillation coinciding with that of the dipole. 
The velocity potential as given by Crandall? is 

1+ 7kr 
4ry=A exp = itr] cos 6, (1) 
y2 
where the time factor exp iwt has been suppressed. 
A is a constant here considered as equal to 47. 
k is the ratio of 27/X, while r and @ are the two- 
dimensional polar coordinates ; angular symmetry 
reduces the picture to a single plane. Only the 
flow of energy away from the source is of interest, 


21. B. Crandall, Vibrating Systems and Sound (McGraw- 
Hill Book Company), p. 136. 
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hence the radial component of particle velocity 
vy, alone need be considered. This vectorial 
quantity is derivable from the scalar ¢ as 


v,= —O¢/dr. (2) 
The sound pressure is also derived from ¢ as 
p= pdy/dt= wpe. (3) 


The density factor p of the transmitting medium 
will be considered as unity in what follows. 

The sound power density vector in the 7 
direction is now derived as 


L,=4pv,= (wk*/2r?) cos? 0. (4) 


When this density vector is integrated over a 
spherical sector between the limits of 6=0 to @, 
the result is the flux of energy 


Fy = (xwk*/3)[1 —cos* 6). (5) 


The percent of total energy flowing through the 
spherical sector bounded by @ is then 


1—cos* @ 


—100. (6) 
2 





= 


This result simply shows that the energy flows 
along straight radial lines, and radial acoustic 
wattmeter readings should vary as the inverse 
square of the radial distance. However, less sym- 
metry than for the simple source prevails and a 
variation in angular readings is to be expected 
when considering P» in Eq. (6) per unit area. 
The result is 


Percent/Unit Area = 3 cos? @. (7) 


This result is shown in Fig. 1, which simply 
shows that along the axis of the dipole 3 percent 
of the total energy radiated passes through one 
unit of surface, while along the radial lines normal 
to the axis of the dipole no radiation takes place. 
From the same total output then, the doublet 
source radiates along its axis a beam of triple 
the intensity over a simple source. 


A POINT SOURCE NEAR A TOTALLY 
REFLECTING PLANE 


The general problem of directional radiation 
resulting from one or more simple sources near a 
totally reflecting plane has been treated by F. A. 


Fischer® for the case when 7> . In the present 
analysis, following a similar line of reasoning as 
for the dipole source, regions for which r= are 
considered. 

An electrical analogue in this case is the well- 
known image problem of electrostatics. Two 
distinct cases will therefore be considered. First, 
it may be a simple source radiating below the 
plane surface of a sea. This, with its 180° phase 
inversion, will here be specified as reflection from 





Fic. 1. Angular radiation from a doublet in percent 
per unit area. 


a free surface. The second case is that of a point 
source radiating in air in front of a fixed plane, 
and will be taken as reflection from a rigid or 
fixed plane. In this case there is no phase change 
upon reflection. The image problem for the first 
case is that of two equal point sources 180° out 
of phase and equidistant in front of and behind 
the symmetry plane. The second image equiva- 
lent is that of two equal sources in phase simi- 
larly situated. 

The velocity potential, again suppressing the 
time factor, is now 


g=exp —ikri/rtexp —ikre/ro, (8) 


in which 7 is the radial distance from the true 
source and 72 similarly from the image source. 
In Eq. (8) as in the following, the upper sign 
represents reflection from a fixed plane, while the 
lower sign is for the free plane. 

Following the complex notation throughout, 
the sound power density vector in the 7; direction 


3F. A, Fischer, E.N.T. 10, 19-24 (1933). 
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Percent of Total per Unit Area 


Fic. 2a. Point source radiation showing reflection from a Fic. 2b. Point source radiation showing reflection from a 
free plane (a=5d/r7). rigid plane (a=5X/r7). 


is again derived from the particle velocity and sound pressure, giving 


w (kro krifry?+r.2—4a? r\?—Pro*—4a? 
Lrn= a ( )+(——) sin k(r2—11) 


Qrifel ry Ys 2rires 2rire” 





(71 +172)?—4a? 
eee 


| 00s kr], (9) 
2riPro 
where a is the distance from the true source to the reflecting plane. 

Lr, is now integrated over a spherical surface for which the true source is the center, that is 7; 
being constant. 72 is then the variable and the limits of integration are taken as r2=2a—17; and fo. 
The flux of energy passing through the spherical sector bounded by these limits is 


Te (4a?+171?—1r2?) 4a*—r;? Yo (4a? —7,?) 
Fy e{ p-———  da2 sin k(n). (10) 


4a 11 19 ‘1 1172 


When the upper limit is 72=2a+71, Fr; is a measure of the total flux of energy from the true source. 
Making this substitution into Eq. (10) gives for the total output 


F=(2w/a)[2ka+sin 2ka }. (11) 


From the ratio of F,; to F the percent of total radiation passing through a spherical sector with the 
above limits is 


25 (4a?+7r,?—7r2") 4a?—r;? ro (4a?—7r,?) 
{ef rp [2p sin k(re—r;). (12) 


2ka+sin 2ka Ti Yo lal 1172 


This result when considered on the basis of r:2r2>>X, gives the familiar beam type radiation fields 
as shown by Figs. 2a and 2b. Angular symmetry allows for this single plane representation. 

By a method of interpolation requiring a considerable amount of computation, the regions nearby 
were next considered. The results of this are Figs. 3a and 3b. The flow of energy near each reflecting 
surface, as well as the direction and density distribution of the sound power vector, are well brought 
out by these figures. 

Near the free surface in the one case no energy flows, while along the fixed plane the density of 
the energy vector is a maximum. This is as it should be. The formation of beams begins near 7r:=\, 
and is well under way for points r,=4\. Except for minor directional variations, all the irregularities 


fall within the interval \<7,<4,. The direction of the stream lines away from the center of a beam | 


becomes less and less definite. In the end, r;>4A, all lines begin to point towards the origin at which 
the symmetry axis pierces the reflection plane. 
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A FLAT DISK VIBRATING IN AN INFINITE PLANE 


The general problem of aerial vibration resulting from a circular rigid disk oscillating normal to 
and in a rigid plane of infinite extent has been treated in the classical way by Lord Rayleigh.‘ For the 
simplest form of the desired velocity potential he gives 


1 d¢ exp rl 
ik spe : 
2m On 


in view of the constancy of the normal velocity on the surface of the disk and being zero on all other 
surfaces. 

In Eq. (13) the integrand is the Green function for the space here considered and a solution by 
the method of characteristic functions suggests itself. Lord Rayleigh already recognized this approach 
and H. Backhaus® applied the method to solve this problem completely for a disk vibrating in an 
infinite fixed plane. He gives as a solution of Eq. (13), limited to the region r>R, 


g= —voR(4/2kr)'(By?+B,")! sin (wt+y), (14) 


in which R=radius of disk, k=w/c, v%=velocity amplitude of disk, c=wave velocity, and w=the 
angular frequency. B;, Bo, and y are also defined as 


B,=)> Aa (RR)P2(cos 0)Jo4,(Rr), 
v=0 


B=. Aa(RR)P2-(cos 6) J_2»-4(kr), (15) 
y=arc tg (B2/B,). 


The P’s are the Legendre polynomials, and the J’s are Bessel functions of half-integer since the 
problem is one of spherical coordinates, with the origin at the center of the disk. @ is the angular dis- 
placement of the radial line with respect to the symmetry axis. The A’s are constants, functions of 
kR, as worked out by Backhaus in finite series form 


41 >» 1-3-5---2v+2u—1 J,_4(RR) 


1 
A», =(—1)(4v+1)] ——[ - -i).————— I} 16 
ie: lin GO; y “5! : ul(v—p)! eons - 


Proceeding now with the present problem of energy flow, it is advantageous to simplify the notation 
by writing for the potential in Eq. (14) 


b(B:?+B,")} 
a sin (wi+y), (17) 


where b= —v)R(x/2)! is a constant, §=kr, and following the usual notation of letting z=cos 0. 
Considering ~ and z as the two independent variables, the sound power density vector is again derived 
from the potential expression above as 


b°wk2(B,?+B,?)! 1—2? dy 
oo ann (40 c 
2¢ ag ts \as/; 


in which the half-factor enters as a result of integrating the square of cos (wf+y) over one cycle. 
The direction of L, is parallel to the axis of vibration, that is normal to the plane of the disk. Equation 





‘Lord Rayleigh, Theory of Sound, Vol. a Nos. 278, 302. 
°H. Backhaus, Ann. d. Physik 5, 1 (1930). 
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Fic. 3a. Power vector field of a point source near a totally reflecting free plane. 


(18) when expressed in terms of the B’s is 


b*kwz OB, OB, 1-2? OB, OB, 
i Nie in bas i | 
2¢ ag ag st az az 


To simplify the notation, the B’s are now rewritten 


Bi=D AnPa(2)Inzi(é), Beo= QL AmPm(2)J—m_s(8), 
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REFLECTING PLANE OR PLANE OF SYMMETRY 





Fic. 3b. Power vector field of a point source near a totally reflecting rigid plane. 


where » and m take only even integer values beginning with zero. These values for B; and By, are 
19) now introduced in the expression for L, in (19), giving 
\ 


b°wkz ~ w 
za > A,Am: PP al J On ee wee ee 


n m 


L.=- 





1-32? 


2g 





+ TunsTni( )cP.P.’—PaP.'I}, (20) 
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TABLE I. 
iA kR=n kR=17 
Ao +0.637 +0.0750 
Ao —0.796 — 0.2786 
A, +0.129 +0.4665 
As — 0.9832 
As +0.6775 
Aio — 1.2925 
Aj + 2.0074 


SZZ— i Bi 














— 0.2625 
Ax9 +0.0670 











Fic. 4. Power field of a disk vibrating in an infinite plane. 


in which the primed terms are the first derivatives of these functions with respect to their respective 
arguments. The convergence of this last expression for L, is dependent upon the A’s as will be dis- 
cussed later. 

To conform with the analysis already illustrated for the image problem, the integration of L, 
over a plane circular area parallel to the plane of the disk, x units away and with center on the sym- 
metry axis, represents the total energy in the x direction passing through this area. z is chosen as the 
variable of integration, having the limits from unity to z. The element of area for this case can then 


be shown to be 
dS = —2rx*dz/2', 


x being a constant in any one plane. Every term of the integrand L, as given in Eq. (20) turns out 
to be a complicated function of the P’s and J’s whose integration as such did not seem possible. 
Instead, in view of the convergence of the series in L,, by introducing the periodic equivalents of 
the P’s and J’s for the case when u and m take the values 0, 2, 4, etc., it was possible to show that 
when n=m 


1 
[Falun atRA,? [ P,,?(2)dz, (21) 
and when n#m 


1 
[Fe Jom = "0008R*A nA nGum f P,,(2)Pm(z)dz. (22) 


Gum is a factor, a function of — only, whose full interpretation will be given later. 

To get the total energy flowing in the plus x-direction, the integration in Eqs. (21) and (22) has 
to be extended from the axis to infinity, that is from z=1 to z=0. From the orthogonality of the 
Legendre polynomials Eq. (22) gives no contribution to the total energy. The total flux of energy in 
the x-direction simplifies then to 





r 1 
F,=ncvo*?R? >, A,?, n=0,2,4--:. (23) 
n 2n+1 


It is now possible to write the expressions for the percent of total radiation contributed by each 
of the terms in Eqs. (21) and (22). They are when m=n, 


100A,” . 
II..= ; ) ats 2( (z)dz, (24) 
em : 
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and when mn 


1 00A nA mUn m . 
.-———"" f P,(2)Pp(2)dz. (25) 


To get numerical quantities out of these last two relations computations of the A’s, Gam, and 
numerical integrations of the definite integrals for as many z values as desired have to be made. 

Table I gives the computed values for the A’s as made from Eq. (16) for two different piston radii. 
Their convergence is so rapid for the case when RR=z, that the sum of terms containing Ao, Ao, 
and A, makes up 99.6 percent of the total energy. In the present analysis complete computations for 
this smaller piston size have been made. 

The G’s are the most cumbersome to compute, being defined by 


we 
Gam = gratin as J ani J nit Ings J’ ns a J n~i Jn]. (26) 


They can be classified according to 1=m—n equal to 0, 2, 4, 6—of which the first three are: 


1=0 -++ Gram=1, 


(m+n+1)? 
l=2 hii Gum =————_--2, 
& 
(m+n+1)[(m+n—1)(m+n+1)(m+n+3)] (m+n+1)?(m—n) 
t=4 +++ Gam= - +2. 








g § 


The numerical integration of the definite integrals was carried out for the even values of m and n 
up to twenty and for z taking thirteen different values in the interval 12220. A table of these values 
(not published) can be secured from the authors. 

In Fig. 4 the stream lines for the vibrating piston of radius kR=z as here computed show that 
the energy flow is outward along smooth curves. This radiator is therefore still too much like a point 
source to show irregularities at distances r> R. The smallest piston that would probably show stream 
lines more irregular than the above is one whose velocity potential would have at least one minimum 
on the axis. That is, the piston would need to be of radius R>X. 

Computations were also started for a larger disk, RR=17, but the computations turned out to 
be too lengthy. The limiting case of £=kr=(kx/z) large, was considered in this case. That is for 
points near the axis and r 2 304, the factor Gum reduces to +2. The sound power density vector L, is 
then determined by the double summation }©, Sim AnAmPmPn. A plot of this intensity factor against 
9 showed the intensity distribution to be identical with the Fraunhofer diffraction pattern for a 
circular opening in light. This is as expected, since it was assumed that the normal velocity over the 
surface of the disk was constant, which in the case of light implies that the wave-length is small 
compared to the hole diameter. The problem of plane acoustical waves falling upon a circular opening 
in a wall of the piston dimensions considered above is however not identical to the vibrating piston, 
in that diffraction at the edges cannot be ignored. 
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The Laryngeal Ventricle Considered as an Acoustical Filter 
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ESEARCH in the field of phonetics and 
vocal tone quality has given theoretical con- 
sideration to a coupled resonator system consist- 
ing of the oral, pharyngeal, and nasal cavities, 
and has even mentioned the possible influence of 
the sinuses, but the effects of the laryngeal 
ventricle seem to have been neglected except in 
abnormal cases. The ventricle is a pocket-shaped 
slit in the side walls of the larynx which extends 
laterally between the true and the false vocal 
cords. It is deepest in the middle and there 
projects vertically upward from its anterior half 
a blind sac called the appendix. The physiological 
function of the ventricle is supposedly only that 
of lubricating the vocal folds. However,, the 
presence of fibrous tissue in the ventricular folds 
seems to indicate the possibility of muscular con- 
trol of the volume of the ventricle and of the area 
of the orifice communicating with the larynx. 
It might be well to review some of the litera- 
ture having to do with the muscular control of 
the ventricle before offering any hypotheses con- 
cerning the effects on vocal tone quality. The 
dimensions of the ventricle vary greatly. In the 
great apes, for instance, according to Curry,' the 
pouch is much larger, often extending down 
behind the trachea and serving as a reservoir of 
air when the glottis is closed during strong action. 
Above this ventricular recess, the walls project to 
form the false cords or ventricular bands com- 
posed of soft tissue. These contain fibers of the 
external thyroarytenoid muscle and are closed 
together largely by action of the stylopharyngeus 
muscle. From this point, the larynx merges into 
the pharynx and joins with the epiglottis and the 
esophagus. Convulsive inspiration arrested by 
glottal closure produces staccato effects as in the 
hiccup. Sobbing and sighing involve sphincteric 
closure of the larynx with approximation of the 
vocal and ventricular folds. Such action is carried 
over into phonation in the form of a glottal stop 
produced by a sudden explosive opening of the 


1 Robert Curry, The Mechanism of the Human Voice 
(Longmans, Green and Company, New York 1940). 


32 


glottis. Josephson? has greatly stimulated the 
writer with his detailed study of the anatomical 
structure of the thyroarytenoid muscle and has 
shown the possibility of considerable manipula- 
tion of the ventricular bands and the volume of 
the ventricular pouch. The oblique portion of the 
six fasciculi of the muscle curves over the vocal 
process and inserts into the outer border and 
external surface of the arytenoid. Some fibers go 
to the ventricle and the false cords. It serves to 
rotate the vocal process outward, deepen the 
floor of the ventricle, and draw down the 
ventricular bands and turn them outward. The 
external oblique fascicle rises from the inner 
upper third of the thyroid and advances upward 
to the false cords. It also tends to pull the false 
cords downward and outward. The transverse 
segment arises from the thyroid above the false 
cords and spreads fanwise in the mucosa of the 
false cords and the ventricular ligament. It 
serves to raise and bring back the false cords into 
their natural equilibrium position. The superior 
oblique part arises from the thyroepiglottic liga- 
ment at the base of the epiglottis and passes down 
for insertion into the false cords at the base of the 
arytenoid. It serves to draw the ventricular bands 
forward and upward and to contract them 
vertically. 

Due to a form of paresis of the interarytenoid 
muscle or to some variability of the surfaces of 
the cartilages, the arytenoids may fail to be com- 
pletely drawn together, so that there is a tri- 
angular gap left between the edges of the vocal 
bands. The contraction of the pharynx may be 
reinforced to the point of considerable narrowing 
of the larynx as well as the pharynx with conse- 
quent approximation of the ventricular bands. In 
this case, phonation begins with a glottal stop 
produced at the ventricular bands. This is a 
common feature in German, where most of the 
strongly accented initial vowels begin with 


2E. M. Josephson, ‘‘The physiology of the false vocal 
cords and the anatomy of the thyro-arytenoid muscle and 
of the thyro-epiglottic ligament,’”’ Arch. Otolaryngol. 6, 
139-152 (1927). 
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glottal stops. In certain English dialects, espe- 
cially cockney, the glottal stop occurs medially 
instead of a voiceless consonant as in ¢, for 
instance. Curiously enough, a stop consonant 
formed by closure between the root of the tongue 
and the pharynx wall may, according to Borel- 
Maissony,’ be substituted for the true glottal 
stop. 

In cases of double voice, where the subject 
produces a sound having two fundamental pitches 
usually separated by a musical interval of a 
third, the ventricular bands are made to approxi- 
mate and produce a lower pitch, while the true 
vocal cords sound the higher pitch. This inter- 
esting phenomenon is described by Paget.* The 
ventricular bands are also approximated in 
sneezing and in coughing when a strong expira- 
tory spasm is utilized to remove mucus or foreign 
bodies from the air passage (Negus®). Of great 
interest in the analysis of tone quality is the 
work of Tarneaud® in which he likens the extreme 
form of the falsetto voice of the male to the 
considerably rarer ‘“‘whistle’’ register in the 
soprano voice. He describes this quality as shrill 
and flutelike. Relaxation of the thyroarytenoid 
and probably the interarytenoid muscles permits 
the vocal cords to be separated slightly in eliptical 
form at the point of least rigidity of the vocal 
cord tissue. At the same time, however, the 
sphincteric contraction of the larynx increases to 
such an extent that the ventricular bands move 
closer to the vocal cords and seem to press down 
upon the upper surfaces, allowing only the ex- 
treme free edges of the cords to vibrate under the 
pressure of the air stream. This action is de- 
scribed by Russell? to prevail in certain types of 
the vowel i, pronounced on high pitches and with 
a strident or shrill quality. 

There is an established physical relationship 
preventing the occurrence of low pitched com- 
ponents as harmonics of a high pitched funda- 
mental which would produce the effect of a 

3S. Borel-Maissony, Rev. Francaise Phoniatr. 77 (1937). 

*R. A. S. Paget, Human Speech (Harcourt Brace and 


Company, New York, 1930). 

5V. E. Negus, ‘‘The mechanism of the larynx,” Arch. 
Otolaryngol. (1929). 

*J. Tarneaud, “La voix,” Encyclopédie Francaise 
( 1935) ; Semeiologie Stroboscopique du Larynx (1937); Ann. 
d’Otolaryngol. (1932); Rev. Francaise Phoniatr. (1934, 
1935, 1936, 1937 1938). 

7G. O. Russell, Speech and Voice (The Macmillan Com- 
pany, New York, 1931). 
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baritone voice quality in a soprano. Such a case 
of abnormal quality is essentially due to extraor- 
dinary conditions in the larynx, which produce 
vibrations of the ventricular bands and of the 
mucous membrane coating of the larynx. One has 
only to remember the quality of tone of the 
“blues” singer. The low pitched gutteral or 
hoarse quality is frequently observed in cases of 
laryngial catarrh. Apparently in these cases the 
ventricular bands are operative in the production 
of the voice quality, since they become swollen 
and flabby and the volume of the pharynx is 
decreased by the constriction of the larynx and 
pharynx due to the approximation of the root of 
the tongue to the back wail of the pharynx. 
Russell claims that the vocal cords are, in this 
case, very relaxed to aid in the production of the 
low pitched note. The opposite quality, that of a 
harsh metallic type occurring in the “‘voix blanche” 
in singing, is shown to involve an altered action 
of the ventricular bands. They press down on the 
upper surfaces of the vocal folds in such a way 
as to obscure the view of the cords from above. 
Russell feels that in this way only the extreme 
edges of the cords are free to vibrate. At the same 
time, the pharynx is distended. 

Since the abstract of this article appeared in 
the preliminary announcement of the papers to 
be read at the Ann Arbor, Michigan, Acoustical 
Society Meeting, the writer received a letter 
from a prominent vocal teacher who was at- 
tracted by the title of the paper and sent a 
prospectus of his studio work. In it he speaks of 
“singing as naturally as one speaks through a 
conscious control and application of the ven- 
tricles, for they are the bodyguard of the vowel.”’ 
He goes on, unfortunately, with a reference to the 
ventricles as ‘‘the core of the consonant, coordi- 
nating the Italian Bel Canto with the French 
resonant Dans le Masque tone produced in the 
sinuses of the head and face, giving the voice a 
distinct ringing and spinning quality.”’ ! ! Had 
it not been for the inability of the writer to attend 
this meeting on account of being engaged on a 
defense project, those present might have been 
favored by a pyrotechnic display of enthusiasm 
in the attempt to separate fact from fiction in this 
time honored war among vocal teachers. 

The use of the nasal pharynx in singing is sub- 
ject to a great deal of varying opinion. The rigid 
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paranasal sinuses (the maxillary, frontal, and 
sphenoidal) play no part in the production of 
voice according to the authoritative researches of 
Negus,® Seth and Guthrie.* Cats and sea lions 
have no paranasal sinuses, yet have good voices. 
The giraffe, on the other hand, has well-developed 
sinuses but has no voice. The orifice of the sinuses 
in the human being has such a small aperture 
that the possible entry of vibrating air is very 
doubtful. This action, therefore, serves at most 
only to absorb energy from the sound produced 
by the larynx. 

By means of the new and ingenious technique 
of x-ray tomography, by which the outline of 
deep structures can be shown without the super- 
position of different images, the frontal section of 
the larynx with the outlines of the vocal and 
ventricular bands can be beautifully seen in the 
pictures shown by Canuyt.° This method amply 
confirms the important part played by the 
ventricular bands in voice production. 

Arrested and pathological sexual development 
is known to have a radical effect upon voice 
quality. The effect of castration before puberty is 
to prevent normal development of the thyroid 
cartilage and the vocal and ventricular bands. 
On the other hand, the effects of acromegaly in 
hyperfunction of the pituitary gland involve a 
deepening in pitch and roughening in quality of 
the voice as a consequence of a general enlarge- 
ment of the larynx and a thickening of the mu- 
cous membrane particularly over the epiglottis, 
vocal cords, and ventricular bands, as well as 
changes in the tongue, uvula, soft palate, fauces, 
and nose. 

The above considerations would seem to serve 
to indicate the possibility of controlling the 
enclosed volume of the pouchlike ventricle and of 
the area of its orifice, leading into the laryngeal 
cavity, for the conductivity of vibrational energy. 
Here, then, are all of the factors essential to the 
consideration of the ventricle as a resonator of 
the Helmholtz type. It should be remembered, 
however, that the damping effect of the mucous 
membrane lining the walls of the ventricle 
greatly broadens the frequency range of the 
implied resonance. Stimulus to the thought of the 


8 G. Seth and D. J. Guthrie, Speech in Childhood (Oxford 
University Press, London, 1935). 
® A. Canuyt et al., Rev. Francaise Phoniatr. 133 (1938). 


possible effects of the laryngeal ventricle on vocal 
tone quality was furnished by Professor G. W. 
Stewart’s'® acoustic filters, and more especially 
by the type known as the “low frequency pass 
filters.”’ 

The purpose of the survey of anatomical and 
physiological conditions involved in the structure 
of the larynx and its ventricle was definitely to 
show that the speaker and singer have voluntary 
control over the volume of the ventricular pouch 
and of its orifice leading into the larynx. It thus 
has the possibility of being considered as a reso- 
nator of rather small volume but relatively large 
conductivity. With the ventricle placed as it is, 
it forms a side branch along a tube through which 
transmission takes place from the trachea to the 
oropharyngeal cavities. This may be wishful 
thinking, but the resemblance to Professor 
Stewart’s model of a low pass filter is striking. 
The tube is short compared with the wave- 
length, so that the assumptions used in con- 
struction of the theoretical acoustic filter are 
made valid, permitting the air in the filter section 
to move as a whole without phase difference. 
Obviously, viscosity dissipation cannot be neg- 
lected in voice production on account of the 
character of the mucous membrane lining the 
walls of the tube and the side branch resonator. 
The inertance of the tube is small because of the 
relatively small mass of air and its ratio to the 
square of the comparatively large cross section 
of the tube. The capacitance of the tube is 
negligible because of the magnitude of the velocity 
of sound in the medium. The acoustic impedance 
of the tube can thus be assumed to be made up of 
inertance only. The impedance of the ventricle as 
a Helmholtz resonator side branch may be said to 
be formed of an inertance and capacitance in 
series. The inertance is small because of the large 
conductivity of the orifice. The capacitance 
arising from the stiffness of the air chamber is 
also small because of the small volume of the 
ventricle. The range of no attenuation is obvi- 
ously considerably larger than the example 
offered by Stewart and Lindsay in Acoustics, 


page 170, due to the greater conductivity of the. 


orifice and of the considerably smaller volume of 





0G. W. Stewart and B. L. Lindsay, Acoustics, Chapter 
on ‘Filtration of sound” (Van Nostrand, New York, 1930). 
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the pouch of the ventricle. The cut-off frequency 
is naturally lacking in definition because of the 
variables under control of the speaker or singer; 
that is, the change of volume and of the area of 
the orifice, as well as of the sphincteric action of 
the walls of the pharynx with resultant approxi- 
mation of the ventricular folds. This system 
could, however, be said to offer transmission of 
a broad band of relatively low frequency, from 
zero to what in theory would be a rather sharp 
cut-off, but which, under the damping conditions 
of absorbent tissue, tapers off at the higher fre- 
quency level. 

With strong evidence of comparatively low 
intensity for the lowest frequency components of 
the extremely complex note produced by the 
vocal bands and of relatively great strength of 
the higher partials, it is readily understandable 
that the laryngeal system should thus be able to 
conserve energy in a desirable frequency region in 
order that this be transmitted to the coupled 
resonator system for desirable tone quality. It is 
highly probable that this is an important factor 
in the empirical approach used in vocal technique, 
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but such results in actual studio practice are 
gained only by efforts to ‘‘fix’’ the respiratory 
track. It would be well to have such techniques 
analyzed for their meaningfulness in obtaining 
desired results in vocal tone quality. 

The foregoing discussion attempts merely to 
explain the direction taken in some of the newer 
studies of vocal quality. It is, of course, difficult 
to obtain a sufficient number of laryngeal speci- 
mens for a meaningful statistical measure of the 
actual relationships involved. This has been 
especially true during the past few months, 
inasmuch as the medical staff of the pathology 
departments of most hospitals have been made 
shorthanded on account of the present war emer- 
gency. Furthermore, the embalmers justly com- 
plain that careless excision of the larynx results 
in interference of the circulation of the face with 
consequent early decomposition. Even with fresh 
specimens elastically unspoiled by pickling solu- 
tions, it is difficult to obtain a true picture of the 
volume of the ventricle as it functions normally in 
the organism. However, the attempts made 
would seem to justify the hypotheses presented. 
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I. 


EVERAL of the investigations conducted in 
the Speech Laboratory at Northwestern Uni- 
versity have dealt with the question of voice pro- 
duction. Briefly, the attack has been through two 
parallel programs—one dealing with physio- 
logical problems and the other with physical 
problems. It has thus been possible to design 
studies which correlate the two approaches. The 
result has been deeper insight into the nature of 
phonation than either approach alone would have 
yielded. 

The present discussion is concerned with one 
phase of the physical approach: namely, the 
findings obtained in four studies utilizing model 
larynges of the cushion-pipe variety. 

Model larynges were used in these studies be- 
cause they allow conditions to be altered at will. 
Furthermore, the cushion-pipe type was chosen 
because it is as close an analogue to the func- 
tioning larynx as we now have at our command. 

The basic design of the cushion pipe is simple.! 
It consists of two small, balloon-like vibrators 
capable of being inflated to any desired pressure. 
In the present instance, the walls of these cushions 
were formed by rubber membrane. Furthermore, 
the apparatus was so constructed that it was 
possible to control (1) distance between the 
cushions, (2) driving air-stream pressure, (3) 
length of the supply tube, and (4) length of the 
resonator above the cushions (when one was used). 


II. 


The first study being reported grew out of a 
general problem facing vocal theorists: namely, 
the role of the trachea and bronchi in voice pro- 
duction. With this in mind, an experiment was 
designed to investigate the influences exerted by 
an infra-cushion cavity upon the vibrational fre- 
quency of a cushion-pipe model larynx. In this 
study the apparatus was assembled without any 
cavity above the cushions. 

1 For details of construction and for other pertinent in- 


formation see R. Carhart, ‘‘Infra-glottal resonance and a 
cushion-pipe,”” Speech Monographs 5, 65-96 (1938). 
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After determining the resonance characteristics 
of the supply-tube system,? the influence of the 
latter upon cushion-pipe activity was studied by 
progressively altering supply-tube length. Pres- 
sure of the driving air stream, intra-cushion 
pressure, lip mass, and glottal slit width were 
kept constant during each unit of investigation. 
When a new unit was initiated, one of these con- 
stants was altered. Thus, various combinations of 
conditions were investigated. 

Typical of the results obtained are those illus- 
trated in Fig. 1. The ordinate scale in this figure 
represents frequency of response, and the abscissa 
scale indicates the settings of the adjustable 
cylindrical tube situated (immediately below the 
cushions) in the air-supply system. Letters are 
used to identify the various curves obtained 
under similar conditions. The five units of in- 
vestigation summarized here were alike except 
for differences in the pressure of the driving air 
stream. This pressure was least for the A curves 
and greatest for the E curves. The other curves 
represent progressive steps between these two 
extremes. Incidentally, the data summarized in 
Fig. 1 were obtained when the cushions were 
uninflated. 

It will be observed that—for each set of con- 
ditions—progressive elongation of the supply 
tube yielded bands of response separated by tube 
lengths with which the vibrator was silent. In 
other words, some lengths inhibited the model. 
Furthermore, within any single response band, 
the note was lowered as the supply tube was 
elongated. For a given set of conditions, however, 
successive response bands ordinarily covered 
similar frequency ranges. These phenomena were 
consistently noted; although with inflated cush- 
ions the frequency drop per unit elongation was 
less, and some tube length increments did not 
produce a frequency change. 

It will also be noted that—for a given supply- 
tube length—greater driving pressures produced 
higher frequency responses. Also, both the first 


2 Reference 1, pp. 73-76. 
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and last response within each frequency band 
were elicited with shorter tube lengths as the 
driving pressure rose. Similar results were ob- 
tained with inflated cushions when driving pres- 
sure and pressure within the cushions were 
simultaneously increased. 

Two additional facts should be mentioned. 
First, the difference between the two supply-tube 
lengths associated with successive appearances of 
the same frequency in adjacent response bands 
was not a constant for different frequencies. 
Instead, the gap was found to be half the wave- 
length (in air) of the frequency in question— 
regardless of the position of that frequency within 
the response bands. This relation held as long as 
driving pressure remained constant. The second 
fact is that—as would be expected—there were 
limits beyond which cushion frequency could not 
be forced by altering any of the experimental 
conditions. 


Ill. 


The second study dealt with the mode of 
vibration of cushion-pipe models. The technique 
was similar to that employed in the preceding 
study—except that the vibrating cushions were 
viewed stroboscopically and were photographed. 
In the latter instance, both still pictures and high 
speed motion pictures (2,000 frames per second) 
were taken. To facilitate observation the cushions 
were marked with white dots. This made it possi- 
ble to note the movements of individual points 
and to trace the paths these points followed. 

The main findings are illustrated by Fig. 2, 





Fic. 1. Effect of supply-tube length upon frequency of 
cushion-pipe response. Cushions uninflated and fully ap- 
proximated. Activating air-stream pressure for the A 
curves was 72% 34 inches; for the B curves, 9184 inches; 
for the C curves, 1184 inches; for the D curves, 13 inches; 
and for the E curves, 20 inches. 





Fic. 2. Photographs of marked cushions to illustrate 
changes in vibrational pattern which resulted when the 
supply tube was progressively elongated through one com- 
plete response band. The model was inactive when a supply 
tube shorter than the one yielding pattern A or longer than 
the one yielding pattern F was used. Cushions occupy the 
bottom half of each picture. Vertical displacement is shown 
by upward course of any pattern and horizontal displace- 
ment is revealed by lateral course. 
which reproduces six photographs whose ex- 
posures were one second each. The angle of view 
is such that both vertical and horizontal dis- 
placements of the cushions are revealed. 

As is clearly seen in Fig. 2, the vibration of the 
cushion-pipe model larynx is complex. The vibra- 
tional pattern is not the same at different points 
on the cushions. Along the medial margin there is 
a rotational movement through a roughly ellip- 
tical path. In other words, the vibration at this 
point includes both horizontal and vertical com- 
ponents. In contrast, further to the side the 
motion is up and down. 

As the photographs also reveal, the mode of 
vibration is variable. There is a change in pattern 
from one picture to another. Particularly signifi- 
cant is the fact that the changes shown here— 
which are progressive—were brought about by 
altering supply-tube length. The illustrations 
cover a single response band. It will be observed 
that the vibration at the medial margin was 
predominantly horizontal when the shortest 
supply-tube setting within the response band was 
used (picture A). As the tube was elongated, the 
vertical component became more pronounced and 
the vigor of response increased (pictures B, C, 
and D). The horizontal component and, eventu- 
ally, the vigor of response both decreased as 
increasingly longer tube settings were employed 
(pictures E and F). 
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Fic. 3. Typical acoustic spectra of tones emitted by an 
inflated cushion pipe when the supra-cushion resonator 
was omitted from the model larynx system. Spectra A and 
B are of the harmonic variety, and spectrum C is of the 
predominantly inharmonic type. The strongest partial was 
arbitrarily assigned the 0-decibel value. 


IV. 


The third study was inspired by a theory which 
both Richardson* and Wood‘ have expressed: 
namely, that the vocal fold note is a vortex tone. 
This theory is obviously very difficult to put to 
experimental test with human subjects. However, 
it can very easily be checked in the model larynx. 
The crucial question is whether vortex trains are 
formed in the air stream escaping through the 
vibrating cushions. To answer this question is 
not difficult. One need merely make the air stream 
visible and then study its flow stroboscopically. 

This was done, and an extensive series of 
observations revealed that air flow varied as 
experimental conditions were changed.> How- 
ever, air flow through an activated cushion pipe 
was found to possess definite characteristics. 
These were: 

1. Theairescaping through the slit between the 
cushions usually was released as a series of puffs. 

3 E. G. Richardson, Sound (London, Arnold, 1940), p. 267. 

4 A.B. Wood, Textbook of Seund (New York, Macmillan, 
1930), p. 194-195. 


5 R. Carhart, ‘“‘Air-flow through the larynx,” Quart. J. 
Speech 24, 606-614 (1940). 
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Fic. 4. Typical acoustic spectra of tones emitted by an 
inflated cushion pipe when a supra-cushion resonator was 
included in the model larynx system. Spectrum D is of the 
harmonic variety, spectrum E of the predominantly 
harmonic type, and spectrum F of the predominantly 
inharmonic kind. The strongest partial was arbitrarily 
assigned the 0-decibel value. 


2. Each puff emerged as a thin sheet, which 
soon mushroomed at its upper end. It then ab- 
sorbed its tail and continued to travel away from 
the vibrating cushions. 

3. The air stream was broken into distinct puffs 
even when the cushions were not closely enough 
approximated so that at some point during the 
vibrational cycle they completely closed the slit 
between them. The only exceptions were cases in 
which the cushions were greatly separated. 

4. Non-symmetrical cushion vibration pro- 
duced distortion of the puff train but did not 
alter the basic characteristics of the air flow. 

5. Conditions necessary for vortex tone pro- 
duction—for example, a Bénard-Karman avenue 
of alternate vortices—were not observed at any 
time. It is clear that the note produced by the 
cushion pipe is not of the vortex tone type. 

It may be reasoned from a comparison of what 
was observed in this study with what is known of 





laryngeal function that the vocal fold note is not 
a vortex tone. 
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V. 


The fourth study was an investigation of the 
sound spectra produced by model larynges. These 
spectra were determined with a General Radio 
760A sound analyzer coupled to a 759B noise 
level meter. This system responded to all com- 
ponents between 25 and 7,500 cycles per second. 

The sounds analyzed represent a sampling 
obtained under a wide variety of cushion-pipe 
conditions. ® 

Examination of the spectra which the study 
yielded reveals that these spectra fall into three 
distinct classes: the harmonic, the predominantly 
harmonic, and the predominantly inharmonic. 

Harmonic spectra were by far the most com- 
mon. Examples are spectra A and B of Fig. 3. 
Incidentally, the tones represented by these two 
spectra were obtained when no resonator was 
above the cushions. It will be noted (1) that the 
spectra contains few components, (2) that the 
first and second partials are strong, and (3) that 
the intensities of partials above the first overtone 
drop off rapidly. 

Somewhat similar is spectrum D of Fig. 4. This 
spectrum is typical of the harmonic ones obtained 
when a resonator had been added above the 
vibrator. The main difference is that here there 
are many more partials than were present in 
spectra A and B. 

Spectrum E£ is an illustration of the predomi- 
nantly harmonic type. Except for the presence of 
two inharmonics—which for convenience are 
labeled—the pattern of partials is similar to that 
of spectrum D. Such inharmonics seem to bear no 
relationship to the other components and do not 
occur often. To date, they have been found only 
when a resonator was above the cushions. Thus, 
it may be that these inharmonics depend in some 
way upon the supra-cushion cavity. 

Spectra C and F illustrate the predominantly 
inharmonic variety, which appeared occasionally. 
Such spectra are characterized by a short har- 
monic series plus a large number of inharmonic 
partials. Several of the latter cluster about the 
lower harmonics, but others are isolated higher 
partials which are not integral multiples of any 
lower component. Two additional factors are 
particularly significant. First, not all pairs of 
cushions could be induced to yield such spectra. 





®R. Carhart, ‘The spectra of model larynx tones,” 


Speech Monographs 8, 76-84 (1941). 
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Second, cushions which did produce them also 
emitted either harmonic or predominantly har- 
monic spectra under other circumstances. 

The most unique feature of predominantly 
inharmonic spectra is that their partials are re- 
lated in a simple manner. The entire series can be 
explained by assuming three kinds of components: 
(1) two primary frequencies, (2) their harmonics, 
and (3) partials derived from combinations of the 
primary frequencies with each other or with the 


TABLE I. Table illustrating the pattern of primary fre- 
quencies, harmonics, and combinations found in four of the 
predominantly inharmonic spectra yielded by a cushion- 
pipe model larynx. Numbers with subscripts refer to 
partials. The number shows the position in the spectrum, 
and the subscript denotes the spectrum. 








Primary frequencies and 
their multiples 


Summation tones Difference tones 





Fi Fe mFo+nFy oF 2—pFi 
i,= F, 
1,=F; 
1.= F, 
la= Fi 
2.™ F, 
2o= Fs 
2-= Fz 
2u= F: 
3a=2F.— F, 
3,=2F.—F;, 
3-=2F.—F;, 
3u=2F.— F, 
4,= F2.+ F, 
4,= F.+ Fi 
4.=F.+ F, 
4a= F2+ Fi 
5.=2F¢ 
5,=2F.2 
5.=2F2 
5.=2F2 
6a=2F2+F; 
6, =2F2+ Fi 
6.=2F2+ Fi 
64=2F2+ Fy, 
7a=3F, 
74=4F.— F, 
7,=4F.— F; 
7-=4F.—F, 
8a=4F.—F, 
8,.=3Fo+ Fi 
8,=3F2+ Fi 
8.=3F.+ F; 
9u=3F2+ Fi 
9.=4F;2 
10u=4F2 
9,=4F.+ F; 
10.=4F.+ Fi 
9,=5F2 
11,4=5F; 
10,.=5F2+ Fi 
11.=5F2+ Fi 
124=5F2+ Fi 
10,=6F?2 
11,=6F 2+ Fi 
12.=6F2+ F; 
11,=7F, 





l3u=7F2 














harmonics of the other primary frequency. What 
is meant is illustrated in Table I, which shows the 
pattern of components found in four typical 
predominantly inharmonic spectra. Since ob- 
served frequencies varied from one spectrum to 
another, the symbols F; and Fy: (plus combina- 
tions of these symbols) are here used in the 
interests of simplicity. The first two columns of 
Table I show the primary frequencies and their 
harmonics. Similarly, the combination tones 
which were observed are grouped in the last two 
columns. Each component is represented by a 
number with a subscript. The number indicates 
the position of that particular component in its 
spectrum. The subscript denotes the spectrum. In 
the F, column, for example, appears 1,= F;. 
Interpreted, this means that the first partial of 
the spectrum identified by the subscript a was 
the primary frequency F;. Similarly, component 
4 of spectrum c was F,+ F, or the summation of 
the two primary frequencies. To facilitate inter- 
pretation, similar combinations are grouped to- 
gether in the table. 

It is immediately seen that the patterns of the 
four spectra represented in Table I parallel one 
another closely. Each may be described as having 
two primary frequencies, a series of overtones of 
F., a considerable number of summation tones in 
which F; combined with F, and its multiples, and 
two difference tones. Many combinations were 
absent. 

The implications of these findings are chal- 
lenging. Reasoning from the principles governing 
electrical and mechanical systems, one may 
assume that the production of combination tone 
spectra demands (1) non-linearity at some point 
in the model larynx system and (2) the produc- 
tion of two primary frequencies within the 
system. It is logical to assume that the non- 
linearity is a function of the sound initiating air 
puffs released by the vibrating cushions. These 
puffs are unidirectional in the sense that they 
move in a train which recedes from the cushions. 
Here is a condition well suited to non-linear 
transduction. This assumption, however, does 
not imply that all sounds produced by the model 
must contain combination tones. These latter 
will occur only when the pattern of periodic 
fluctuation imposed on the escaping air stream 
contains more than one primary frequency. A 
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safe hypothesis seems to be the following: the 
model yields combination tones when conditions 
are such that two cushions which are not well 
matched vibrate at different frequencies rather 
than at acommon frequency. Under such circum- 
stances, non-linearity of the puff train would lead 
to the formation of combination tones. Other 
factors—which have not been discussed here 
may be involved, but at least the aforesaid is 
essential. 

Since the cushion-pipe model is designed as an 
analogue of the human mechanism, there is the 
possibility that combination tone spectra may 
be characteristic of some types of phonation. It 
cannot at present be stated definitely that this is 
the case, although there are clues suggesting that 
it is. For example, the predominantly inharmonic 
tones emitted by the model larynx are similar to 
the hoarse vocal note heard when a bit of excess 
mucous gets on one of the vocal folds. There is a 
real possibility that predominantly inharmonic 
tones characterize some voice abnormalities. Cer- 
tainly, combination tone elements represent a 
type of inharmonic which has not been given 
adequate attention in considerations of vocal 
acoustics. There is need for further study on this 
point. 

In conclusion and summary: the model larynx 
allows conditions to be controlled and factors to 
be isolated in a manner impossible with the living 
speech mechanism. To the degree that it is a good 
analogue, the model gives insight into the phys- 
ical behavior of the human mechanism. Specifi- 
cally, the following are among the experimental 
findings whose implications are challenging: 

1. Adjustment of the supply tube exerts a 
critical influence on the frequency and amplitude 
of cushion vibration. 

2. The mode of vibration is complex. It in- 
cludes both vertical and horizontal components. 
Furthermore, the pattern of vibration is affected 
by supply-tube adjustment. 

3. Sound initiation within the model larynx is 
of the puff tone rather than of the vortex tone 
variety. 

4. The acoustic spectra of sounds emitted by 
the model larynx are of three kinds: harmonic, 
predominantly harmonic, and predominantly 
inharmonic. The latter spectra are characterized 
by combination tone elements. 
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Cochlear Potentials Elicited from Bats by Supersonic Sounds 


RoBERT GALAMBOS* 
Departments of Biology and of Physics, Harvard University, and the Department of Physiology, 
Harvard Medical School, Cambridge, Massachusetts 


(Received March 15, 1942) 


EVERAL lines of evidence make it seem 

likely that flying bats direct themselves by 
perceiving echoes of the supersonic cries they 
utter.'2 This auditory theory of obstacle avoid- 
ance demands that bats hear supersonic sounds. 
The experiments described here were designed 
to determine whether supersonics elicit potentials 
from the bat cochlea; positive results would 
offer strong presumptive evidence that the 
animals hear supersonics, while negative results 
would cast doubt on the entire auditory theory. 


METHODS 


The supersonic microvoltmeter described by 
Noyes and Pierce (1938) was used to record 
cochlear potentials from bats; it needed only 
slight modification before rendering satisfactory 
data with the bat cochlea instead of a crystal 
microphone supplying the input signal. The 
output meter reading (microamperes) was cali- 
brated in terms of microvolts input from the 
standard signal generator described by Noyes 
and Pierce® at frequencies between 5 and 80 kc; 
subsequently, a given output meter reading with 
the bat cochlea supplying the signal was at once 
converted from the calibration table into micro- 
volts input at that frequency. The instrument 
can be read to an accuracy of +0.5 uv up to 
50 wv in the range 5 to 11 kc, and +0.1 uv up to 
15 wv in the range 11 to 98 kc. Tube noise makes 
input readings below 1 uv unreliable, and the 
device has a range of about 70 db above 1 pv. 
This extremely sensitive voltage recorder meas- 
ures continuous potentials only; and inability 


*It is a pleasure to acknowledge here the generous 
contributions by Drs. A. C. Redfield, G. W. Pierce, and 
H. Davis of apparatus and assistance in the prosecution of 
these studies. 

1D. R. Griffin and R. Galambos, ‘“‘The sensory basis of 
obstacle avoidance by flying bats,” J. Exper. Zoology 86, 
481-506 (1941). 

* R. Galambos and D. R. Griffin, “Obstacle avoidance by 
flying bats: the cries of bats,” J. Exper. Zoology 89, 475- 
490 (1942). 

* A. Noyes, Jr. and G. W. Pierce, “Apparatus for acoustic 
research in the supersonic frequency range,” J. Acous. 
Soc. Am. 9, 205-211 (1938). 
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to measure transients has to a certain extent 
limited the present investigation. 

Sounds for presentation to the bat ear were 
usually developed by a magnetostriction oscil- 
lator which produces sound by causing longi- 
tudinal vibration in specially constructed metal 
rods. Rods were available for 1-kce steps from 5 
to 60 kc, but above 60 kc the only sounds 
available were first harmonics of rods with a 
fundamental 1 octave below. These harmonics 
never attained the intensity of the fundamental. 

To control sound intensity, a problem as 
difficult with the magnetostriction oscillator as 
with any other supersonic source, a rheostat was 
built into the oscillator to regulate the voltage 
driving the rod and thus to control its amplitude 
of vibration. As shown in Fig. 1, the sound 
intensity was then defined in terms of the output 
of a quartz crystal in the position of the bat ear 
for various voltages applied to the bar. This 
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Fic. 1. Calibration of intensity at sound source. Abscissa: 
voltage applied to cause oscillation in magnetostriction 
rod; ordinate: db above 1 wv generated by quartz crystal 
at site of bat ear. This determination is for the 25-kc rod; 
similar data were obtained for the others used. 


4G. W. Pierce and A. Noyes, Jr., “An improved mag- 
netostriction oscillator,’’ J. Acous. Soc. Am. 9, 185-192 
(1938). 
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measure of sound intensity is not completely 
satisfactory in that different crystals, due to 
inherent characteristics, give readings which 
vary by as much as 5 db at a given frequency, 
but for most of the work this amount of error 
was not serious. 

Occasionally a Galton whistle, activated by a 
stream of air from a reservoir maintained at a 
pressure of 80 cm of water, was used. It emitted 
a supersonic note whose frequency was checked 
with a superheterodyne sonic amplifier? each 
time before use, thus insuring accurate frequency 
control. 

For the experiments, bats of four species 
(Myotis 1. lucifugus, M. keenii, Pipistrellus 
subflavus, Eptesicus f. fuscus), collected in the 
fall and winter and kept in hibernation at 42° 
until needed, were anesthetized upon removal 
from the cold room by intraperitoneal injection 
of nembutal (diluted 1 : 10; dose: 0.44 cc per kg). 
They were then securely tied ventral side up, 
the trachea cannulated with a small glass tube, 
and the bulla exposed under a dissecting micro- 
scope through the neck region. The ground 
electrode was inserted into the thoracic muscles, 
the thin bone constituting the ventral side of the 
bulla removed, and the active electrode (Ag or 
Pt wire) placed directly on the cochlea. The 
placement of the cochlear electrode is extremely 
critical, since body fluids, etc., short circuit the 
electrodes; for this reason, potentials recorded 
from a given animal probably represent some 
unknown fraction of that actually generated in 
the cochlea. 

Immediately following the operation, the 
animal was placed in a shielded box, the operated 
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Fic. 2. Oscillograph records of cochlear potentials elicited 
by low frequencies. Tones of intensity about 50 db above 
human threshold turned on and off at points indicated 
(note click response). This cochlea (Eptesicus) begins to 
generate potentials at about 30 cycles. 
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ear located at the focus of a parabolic sound- 
collecting horn, and the electrodes connected to 
the supersonic microvoltmeter. The magneto- 
striction rod was set into vibration, and the 
box containing the bat so oriented that the 
voltage developed by the cochlea was a maximum 
at that frequency and intensity. 


RESULTS 


a. Cochlear Potentials as a Function 
of Frequency 


Like other mammalian auditory organs, the 
bat cochlea produces electrical oscillations of 
the same frequency as the sound presented to 
the ear. The lower limit is about 30 cycles (see 
Fig. 2) and the upper limit so far determined is 
98 kc. The apparatus available cannot record 
electrical oscillations above 98 kc, and in most 
experiments it was clear that potentials could 
have been recorded at still higher frequencies. 

It is customary to present such data as these 
in terms of threshold sound intensities which 
just elicit cochlear potentials. It is not possible 
to measure low intensities of supersonic sounds 
with any accuracy, and so the data from bats 
are presented in another form. At each frequency 
the magnitude of the maximum electrical re- 
sponse was determined by slowly increasing 
sound intensity until a slight additional increase 
failed to elicit increase in cochlear potential. 
To obviate possible injury to the organ from 
these high intensities, the ear was exposed for 
no more than 5 seconds out of each minute. 

In Fig. 3, the magnitude of the maximum 
electrical response determined in this way is 
plotted against sound frequency. In_ these 


particular animals no attempt was made to 


obtain data below 5 kc. Above 60 kc, where it 
was not possible to present sounds intense 
enough to elicit maximum _ responses, such 
responses as were observed are recorded. Al- 
though Eptesicus consistently generated larger 
maximum potentials at each frequency, all 
species gave similar responses. 

The following experiments established the 
physiological character of the response: pre- 
venting sound from falling on the ear, either by 
placing a board in the path of the waves or by 
plugging the bat’s ear, eliminated the potentials. 
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Fic. 3. Voltage generated in cochleae of 4 species of bats by sound. 
Between 5 and 60 kc (solid line) intensities sufficient to elicit maximum 
potentials were available; above 60 kc (dotted line), where harmonics were 
employed, intensities were usually not great enough to elicit maximum 


potentials. 


Electrical coupling between emitter and micro- 
voltmeter was not responsible for the potentials, 
since identical results could be obtained with a 
Galton whistle as the sound source. The po- 
tential arose in the cochlea of living bats only; 
as the animal died, the potentials decreased and 
finally disappeared. No response, or at best a 
very much reduced response, was recorded if 
the electrode lay on any tissue other than the 
cochlea. 

A number of qualitative observations are 
worthy of recording here. Jingling keys, a source 
of supersonic sounds, elicit cochlear potentials 
of frequencies between 11 and 98 ke from bats. 
Air forced through a small nozzle gives a spec- 
trum of supersonics of approximately equal 
intensity between perhaps 20 and 80 kc; bats 
exposed to this sound generated cochlear po- 
tentials over the entire range. Bats are known 
to produce supersonic cries;> when an active 
bat was held near the ear of one with its cochlea 
exposed, the recording device indicated that the 





preparation received the supersonic cries. These 
and similar qualitative observations often supply 
striking evidence that the bat cochlea acts as a 
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Fic. 4. Voltage generated by cochlea of a guinea pig in the 
apparatus, The upper limit of response is about 40 ke. 
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Fic. 5. Cochlear potentials as a function of sound in- 
tensity. Eptesicus, 45 kc. Intensity changed an unknown 
amount by sudden introduction or removal of a parabolic 
horn in sound path. Horn introduced before experiment 
began, removed at 1 min., introduced at 3 min., removed 
at 4 min. 


reliable and sensitive microphone for supersonic 
sounds. 

As a physiological check on the procedure, a 
young guinea pig was substituted for the bat, 
with the results shown in Fig. 4. The guinea 
pig cochlea generated potentials up to 40 kc, 
a value somewhat higher than previously re- 
ported, yet significantly lower than the upper 
limit for the bat. 


b. Cochlear Potentials as a Function of 
Sound Intensity 


1. Preliminary Observations 


The changes in cochlear voltage following 
introduction and removal of a horn between the 
sound source and the bat are shown in Fig. 5. 
This figure demonstrates that the cochlear 
potential first increases, then decreases when 
sound intensity is increased (horn introduced) ; 
and that it falls, then increases when the sound 
intensity is reduced (horn removed). In contrast 
to this, the voltage output of a quartz crystal 
rises and remains at a constant higher value 
following introduction of the horn, and falls and 
remains at a constant lower value upon its 
removal. 

These observations were repeated at 15, 25, 35, 
and 45 kc on four bats. In subsequent experi- 
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ments, designed to effect a more precise correla- 
tion between sound intensity and _ cochlear 
potentials, the sound intensity was controlled as 
previously described by varying the voltage 
delivered to the magnetostriction bar. 

If the sound intensity striking the bat ear is 
increased by steps to a maximum, the potential 
arising in the cochlea becomes greater up to a 
certain value, then drops off. If the sound 
intensity is now decreased from the maximum, 
the cochlea generates a lower potential at each 
intensity than before. These facts are shown in 
Fig. 6. Similar results obtained from other 
mammalian cochleae have been termed cochlear 
“hysteresis curves,”> and the phenomenon is 
attributed to “overload’’® or to ‘‘fatigue’’® of 
cochlear structures. Both hypotheses attribute 
the hysteresis effect to slight and temporary 
changes within the cochlea; further, both predict 
that continued exposure to the loud tone should 


14 


re) ny 


@ 


o 


u VOLTS AT COCHLEA 
.S 


Nw 


lo §=20 30 40 £50 


INTENSITY 
DB ABOVE I VOLT CRYSTAL RESPONSE 


Fic. 6. Cochlear potentials as a function of sound in- 
tensity. Eptesicus, 30 kc. Intensity changed by varying 
voltage applied to magnetostriction rod (see Fig. 1) and 
expressed here in terms of db response of a quartz crystal 
at site of bat ear. This is the cochlear hysteresis curve 
described in the text. As sound intensity is increased by 
steps (15-sec. exposure at each intensity), the upper limb 
is traced ; with subsequent decrease, lower limb is traced. 


5S. S. Stevens and H. Davis, Hearing: Its Psychology 
and Physiology (Wiley, New York, 1938), p. 328. 

®°W. Hughson and E. G. Witting, “‘An objective study 
of auditory fatigue,’’ Acta Otolaryngol. 21, 457-486 (1935). 
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Fic. 7. Cochlear potentials as a function of sound intensity. Eptesicus, 30 kc. Intensity 
changed as described in legend for Fig. 6 until 3 cycles were completed. Note similarity of 
the three hysteresis curves and absence of any marked consistent reduction in potential. 


cause changes progressively more difficult to 
repair, and that the cochlear potential should 
drop to lower and lower values as the experiment 
progresses. 

To test these hypotheses of cochlear destruc- 
tion, the bat ear was subjected repeatedly to 
the procedure which gives the hysteresis curve. 
Eleven levels of intensity were presented 
successively in increasing and decreasing order, 
each falling on the ear for 15 seconds, and the 
cycle was repeated three or more times. One 
such experiment (Fig. 7) demonstrates that not 
only is no consistent trend toward reduction of 
potential observed in successive trials, but the 
cochlea may actually generate larger potentials 
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Fic. 8. Effect of ether on magnitude of potential elicited 
by tone of constant intensity. Eptesicus, 15 ke. Intra- 
tracheal ether at Ether, stopped at Air. Deeper anesthesia 
is accompanied by an increase in magnitude of cochlear 
voltage. 


after exposure to loud tones than _ before. 
(Notice the response between 20 and 30 db in 
three trials.) This last fact does not harmonize 
with either the fatigue or over-load hypothesis, 
and suggests instead that some mechanism such 
as the reflex contraction of the intra-aural 
muscles is at work to oppose further increase in 
intensity of a loud sound. The following experi- 
ments were performed, therefore, to test whether 
the intra-aural reflex mechanism is excited by 
loud tones and thus lies at the basis of the 
observed hysteresis effect. 


it. Experiments on the Intra-Aural Muscle Reflex 


The magnitude of cochlear potentials elicited 
by a steady loud supersonic tone varies with the 
depth of ether anesthesia. The animal was 
connected by a tracheal cannula to a respirator 
which forced pure air, or air mixed with ether, 
into the lungs. Figure 8 shows that the cochlear 
voltage increases shortly after a stream of ether 
passes via the cannula to the animal, and drops 
when the ether flow is discontinued. Observations 
of a similar sort were made at 15, 45, and 50 kc 
in three animals (Eptesicus), and are very 
similar to what Forbes and Miller’ have described 
as the effects of ether anesthesia on reflexes in 
the cat, where the flexor reflex disappears 1 to 


7A. Forbes and R. H. Miller, ‘““The effect of ether 
anesthesia on afferent paths in the decerebrate animal,” 
Am. J. Physiol. 62, 113-139 (1922). 
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Fic. 9. Effect of curare on magnitude of potential 
elicited by tone of constant intensity. Two animals 
(Eptesicus). In A (25 kc), animal struggled during in- 
jection; at 17 min. potential magnitude increases. In B 
(35 kc), magnitude rises immediately. 


3 minutes after application of the anesthetic, 
and takes two or three times as long to reappear 
after its removal. In the bat the results are 
exactly what would be expected if reflex con- 
traction of the intra-aural muscles were re- 
sponsible for decreasing the cochlear voltage to 
loud tones. 

Similar results can be observed when a bat is 
curarized. In four animals, cochlear potentials 
increased within 30 minutes after intraperitoneal 
injection of 0.05 cc of this drug. The results for 
two animals exposed to 25 and 35 ke are shown 
in Fig. 9; similar results were observed also at 
15 and 35 kc in the others. The experiments with 
curare were not completely satisfactory because 
sooner or later after injection of the drug the 
cochlear potentials began to fall. In Fig. 9A, 


this occurs at about 23 minutes, and the original 
magnitude was never restored. What causes this 
depression of potentials is obscure. 

The hysteresis curve from the bat cochlea can 
be significantly altered by both increase of depth 
of anesthesia and by curare. In Fig. 10 are 
plotted the results obtained with ether. In a bat 
lightly anesthetized with nembutal, the potential 
as a function of first increasing then decreasing 
intensity of a 25-kc tone was established. Ether 
was then supplied and a similar series of points 
determined; the response to high intensities was 
increased. The ether was then shut off, the 
animal allowed to rest, and a third series of 
points taken. Apparently, the reflex was again 
active, and the cochlea once more generated 
reduced potentials to high intensities. 

Partial or complete elimination of the hyster- 
esis effect similar to that shown in Fig. 11 
followed curarization in seven out of nine animals 
at the following frequencies (kc): 15, 25, 30, 35, 
40, 45, 50, 55. The hysteresis curves of two 
animals were not modified by curarization; no 
explanation for this can be offered. 

Further evidence that the bat’s intra-aural 
muscles contact reflexly to loud supersonic tones 
arises out of a study of the time course of decay 
of cochlear potentials as the animal dies. 
Typically, the voltage developed by the mam- 
malian cochlea declines steadily as death comes 
on and is reduced in time to a negligible value.* 
Bats, when killed by intraperitoneal injection of 
strong solutions (10-percent formalin, Bouin, or 
Zenker histological fixatives) or by suffocation, 
do not show this customary pattern. The 
magnitude of the cochlear potential begins to 
decline as expected, but suddenly—2 to 5 
minutes after ‘“‘death’’—the voltage increases to 
significantly larger values which pass through a 
maximum, then decline without further event 
to zero. One such “‘death-curve”’ is shown in 
Fig. 12. Similar results were observed in eleven 
animals at the following frequencies (kc): 12, 20, 
25, 35, 40, 45, 50. Four animals did not respond 
in this way; of these two had been previously 
curarized. The simplest explanation of the rise 
in cochlear voltage within 5 minutes after the 


8E. G. Wever, C. W. Bray, and M. Lawrence, ‘‘The 
nature of cochlear activity after death,’’ Ann. Otol., 
Rhinol., and Laryngol. 50, 317-329 (1941). 
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Fic. 10. Effect of ether on hysteresis curve. Eptesicus, 25 kc. See text for details. 


animal is killed is that relaxation of the intra- 
aural muscles takes place with consequent 
increase in amplitude of vibration of the ossicular 
chain and larger disturbance in the cochlea itself. 

This conclusion is at variance with that of 
Wever, Bray, and Lawrence,* who demonstrated 
that, in guinea pigs, destruction of the middle 
ear structures (including the muscles) does not 
prevent the rise in voltage after death. Although 
this evidence seems conclusive, it must be 
pointed out that both their curarized and their 
pithed animals (in which central connections of 
the intra-aural reflex would undoubtedly be 
destroyed) failed to exhibit a significant rise in 
voltage as death came on. Until these points 
are cleared up, and especially since the evidence 









< 

uw l2 

am 

I 

O10 

O 

Uv, 

Kb 

<, 

wn BEFORE CURARE AFTER CURARE 

Ha 

$ 

32 

te) 
10 20 30 40 50 10 20 30 40 50 
INTENSITY INTENSITY 


Fic. 11. Effect of curare on hysteresis curve. Eptesicus, 
25 kc. Note complete elimination of hysteresis effect after 
curarization. 


from bats is so consistent, it seems reasonable to 
attribute to relaxation of the bat intra-aural 
muscles the rise in voltage after death. 


DISCUSSION 


As we have seen (Fig. 3), the magnitude of 
the maximal voltage generated by the bat 
cochlea is almost constant between 10 and 60 kc. 
The fact that below 10 ke the potential is 
relatively large is probably correlated with the 
position of the electrode with respect to the 
site of origin of the potentials. Since the electrode 
was located somewhere near the apex of the 
cochlea, a region which almost certainly responds 
to low frequencies,’ it is therefore reasonable to 
expect better pick-up (i.e., higher voltages) for 
low frequencies. 

The relationship between cochlear potentials 
and hearing is somewhat obscure. Mere presenta- 
tion of evidence that cochlear potentials can be 
elicited by a given sound is not sufficient to 
show the animal hears it, for Rawdon-Smith 
and Hawkins" demonstrated essentially normal 
cochlear potentials in a cat with a degenerated 
auditory nerve. Such animals produce cochlear 
potentials but are totally deaf. 

On the other hand, if an animal does not 
generate cochlear potentials, it is almost certainly 


* A. F. Rawdon-Smith, Theories of Sensation (University 
Press, Cambridge, 1938), p. 102. 

10 A. F, Rawdon-Smith and J. E. Hawkins, Jr., “The 
electrical activity of a denervated ear,” Proc. Roy. Soc. 
Med. 32, 496-507 (1939). 
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deaf. Lurie" cites the following evidence on this 
point: (1) albino cats with blue eyes are deaf; 
no cochlear potentials are elicited by sound, and 
the organ of Corti is completely absent; (2) 
waltzing guinea pigs show degeneration of hair 
cells, absence of cochlear potentials, and deafness. 
Furthermore, animals exposed to loud sounds 
become partially or completely deaf and their 
electrical audiograms show reduced potentials 
or none at all at the appropriate frequencies.” 

Most of the evidence, therefore, points toward 
cochlear potentials—derived from a _ normal 
organ of Corti—as a necessary, but not sufficient, 
index of hearing. Specifically, in the case of the 
bat, the fact that potentials arise in the cochlea 
strongly implies, but does not prove, that bats 
hear supersonics. 

Reliable correlations between the upper limits 
of hearing and of cochlear potentials in mammals 
have not yet been established. On the one hand, 
according to Wever," potentials can be obtained 
in the rat up to about 4 kc; yet Gould and 
Morgan" have demonstrated that rats hear up 
to at least 40 kc. On the other hand, in the 
guinea pig, as shown in Fig. 4, the cochlea may 
generate potentials up to about 40 kc, and 
Kato'® maintains this animal gives intra-aural 
muscular responses to tones up to 41 kc. For 
the time being, it seems safe to conclude that 
the high frequency potentials generated by the 
bat cochlea indicate that the animal hears 
supersonic sound. 

Bats are equipped with well-developed tensor 
tympani and stapedius muscles'® and evidence 
that one or both of these function in response to 
loud supersonic tones has been obtained by three 
different types of experiments. (1) The magni- 
tude of cochlear potentials elicited by sounds of 


1 M. H. Lurie, ‘Recent experimental work on physiology 
of hearing. Its significance to the otologist,’’ Laryngoscope, 
St. Louis, pp. 1-11 (1934). 

2 H. Davis, A. J. Derbyshire, E. H. Kemp, M. H. Lurie, 
and M. Upton, “Functional and histological changes in 
the cochlea of the guinea pig resulting from prolonged 
stimulation,”” J. Gen. Psychol. 12, 251-278 (1935). 

13 E. G. Wever, ‘“‘Impulses from the acoustic nerve of 
the guinea pig, rabbit, and rat,’’ Am. J. Psychol. 43, 457- 
462 (1931). 

4 J. Gould and C. T. Morgan, ‘“‘Hearing in the rat at 
high frequencies,’”’ Science 94, 168 (1941). 

146 T. Kato, “Zur Physiologie der Binnenmuskeln des 
Ohres,”’ Pfliig. Arch. 150, 569-625 (1913). 

16 V. J. Stank, ‘‘K. topographicke a srovnavaci anatomie 
sluchoveho organu nasich chiropter,” Ceske Akad. Ved. a 
Umoni (1933). 
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Fic. 12. Time course of decay of cochlear potentials 
after death. Eptesicus, 45-kc tone of constant intensity, 
Five cc 10-percent formalin intraperitoneally at zero time; 
note marked rise in potential at about 2 min. 


increasing intensity grows up to a critical 
intensity; louder sounds actually elicit smaller 
potentials. Upon reduction of intensity, the 
potentials generated are at each point reduced 
below their previous value, and the so-called 
hysteresis effect appears. Both increase of depth 
of anesthesia, and injection of curare (techniques 
known to abolish striated muscle activity) 
eliminate the hysteresis effect. (2) Either deep 
anesthetization with ether or injection of curare 
is followed by a rise in the magnitude of the 
cochlear potentials elicited by a supersonic tone 
of constant intensity. (3) A sudden rise in the 
magnitude of the potentials elicited by a tone of 
constant intensity occurs within a few minutes 
after a bat is killed. 

Only by assuming contraction of one or both 
intra-aural muscles to loud tones can facts 
summarized in the preceding paragraph be 
adequately explained. 

Neurological studies!’ show that one sensory 
limb of the intra-aural muscle reflex arc is the 
VIII nerve. Evidence for activity in this reflex 
in response to sounds indicates, therefore, both 
that the cochlea causes excitation in the auditory 
nerve and that the central nervous system 
receives a train of impulses elicited by that 


17R. Lorente de N6, “The reflex contractions of the 
muscles of the inner ear as a hearing test in experimental 
animals,” Trans. Am. Laryngol., Rhinol., and Otol. Soc. 
pp. 1-19 (1933). 
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sound. It has been shown above that the intra- 
aural reflex is the probable explanation for 
phenomena which occur in response to sounds of 
frequency up to 55 kc; consequently, it seems 
likely that auditory nerve impulses excited by 
tones up to at least 55 ke arrive at the central 
nervous system of the bat. 

Whether bats discriminate between supersonic 
tones is a matter of some interest. Andreyev'® 
showed that dogs discriminate tones as close 
together as 29.5 and 30.0 kc, but it is well 
known that for man, at least, discrimination 
between frequencies near the upper limit of 
hearing is very difficult. 

Although quantitative data on pitch percep- 
tion by bats await further experimentation, 
indications are that the animals perceive differ- 
ences in the pitch of supersonic tones with great 
accuracy. In caves or in experimental rooms, 
flocks of bats may be observed to fly about 
without collisions. With many animals in the 
air at one time, the supersonic clamor incident 
to their discovering unobstructed fly-ways must 
be very confusing indeed,? and it becomes a 
matter of highest importance for each individual 
to single out and recognize the echo of its own 
cry. This it might do by the qualitative difference 
between its own “‘voice”’ and that of other bats— 
a method requiring accurate pitch discrimination. 


SUMMARY 


Cochlear potentials elicited by sounds of 
frequencies between 30 and 98,000 cycles have 
been recorded from four species of insectivorous 
bats under nembutal anesthesia. Suitable control 
experiments established the cochlea itself as the 
source of the potentials which appear in every 
respect to be similar to cochlear potentials 
recorded from other mammals. A magneto- 
striction oscillator, Galton whistle, or the cry of 


_18L. A. Andreyev, ‘Extreme limits of pitch discrimina- 
ti with higher tones,’’ J. Comp. Psychol. 18, 315-332 
4), 


COCHLEAR POTENTIALS OF BATS 





49 


another bat served as the source of supersonic 
sound, and the voltages were recorded with a 
microvoltmeter sensitive to frequencies up to 
98 ke. 

The magnitude of the maximal potential 
generated at each frequency is approximately 
constant between 10 and 60 kc, frequencies 
between 40 and 50 kc often eliciting slightly 
increased voltages. Below 10 kc the voltages are 
relatively large, and above 60 kc intensities 
strong enough to elicit maximal potentials were 
not available. 

The magnitude of cochlear potentials recorded 
as a function of sound intensity for frequencies 
up to 55 ke increases up to a certain critical 
intensity; tones louder than this elicit smaller 
and smaller potentials. With subsequent decrease 
in intensity, the original potential values are 
not attained. An explanation of this hysteresis 
effect is given in terms of the contraction of the 
intra-aural muscles attached to the bones of 
the middle ear. 

Further evidence for this reflex comes from 
both curarized and deeply anesthetized animals. 
These treatments (a) increase the magnitude of 
the potentials elicited by a steady tone, and 
(b) abolish the hysteresis effect. 

When cochlear potentials in response to 
intense tones of frequency up to 55 ke are 
recorded as the animal dies, a sudden marked 
rise in voltage is observed within 5 minutes 
after respiration ceases. This is interpreted as 
indicating breakdown of the intra-aural muscle 
reflex due to asphyxiation of the central nervous 
system. The phenomenon is not observed in 
curarized animals. 

Both the fact that the bat cochlea generates 
potentials in response to supersonic tones, and 
the evidence for activation of the intra-aural 
muscle reflex by loud tones, indicate that bats 
hear tones of frequencies up to at least 55 ke. 
This conclusion supports the auditory theory of 
obstacle avoidance by flying bats. 
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Damping and Selectivity of the Inner Ear 
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SECTION I 


T has been shown! that a mathematical re- 

lationship exists between damping and sharp- 
ness of tuning in the inner ear. The argument 
developed by Hartridge is incontestable so far as 
it goes. It is confined to qualitative reasoning. No 
attempt is made to estimate the decrement or 
selectivity in absolute units. The difficulties of 
doing so are discussed. The chief difficulty is that 
amplitude of the ear resonators cannot be directly 
measured. It can only be inferred from sensation. 

In a much earlier treatment of the question 
Helmholtz tried to obtain absolute values for 
damping and selectivity. He arbitrarily chose 
“degrees of damping”’ ranging from N= 38? to 
N=2.37. He decided that the most likely value 
for the ear was of the order of N=9.5 with N=19 
and N=4.5 as extreme low and high limits of 
damping. 

Helmholtz’ ‘‘degrees of damping”’ can be tabu- 
lated as in Sensations of Tone; or they may be 
shown as resonance curves drawn from the 
formula for a single series resonator. It was 
implicit in Helmholtz’ argument that a curve of 
this type should represent the behavior of the 
ear under all conditions. But the evidence at his 
disposal enabled him to establish only a single 
point on the curve. 


N=f.)/A where A=bel per second. 


It is well known that a weaker sound is not 
heard in presence of a stronger when the energy 
difference is about 10 db. The evidence of maxi- 
mum audible beats suggests the above relation. 
(See Fig. 1.) It thus gives one point on the tuning 
curve of the ear: “‘ten times down at one semitone 
off resonance.”’ The damping suggested is of the 
order N=10. If the ear obeys the simple laws of 
resonance it should be possible to fix the whole 
tuning curve from this one piece of evidence. 


1H. Hartridge, Brit. J. Psychol. 13, 185 (1922-1923). 

2H. Helmholtz, Sensations of Tone (1912), English 
edition, p. 143. For the present purpose it is convenient to 
express damping as N=number of cycles in which energy 
of vibration reduces by 1 bel. 
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Helmholtz? attempted confirmation by direct 
determination of damping. His method was to 
make a shake between two notes on the har- 
monium, their frequency being about 100 cycles, 
He found that at, and below, this frequency 
“shakes run and become difficult.’ He assumed 
that 


1/frequency at which notes were struck 


was the period in which the ear resonators lost 
1-bel energy of vibration. The reasoning is very 
arbitrary. It is only in the brief interval of silence 
between successive notes that the ear is unstimu- 
lated. If any quantitative value for damping can 
be deduced from this experiment, it should be 
higher than that suggested by maximum audible 
beats. 

More recent evidence’ has made it possible to 
plot the tuning curve of the ear in its entirety. 
Wegel and Lane show amplitude of the basilar 
membrane?’ against distance along the membrane. 
From data in their paper it is possible to trans- 
pose abscissae to “octaves off resonance.” An 
average for four of these curves® was then ob- 
tained. This curve is shown in Fig. 2. On the 
same graph are shown simple resonance curves 
corresponding to various degrees of damping. It 
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3 In a footnote to p. 113 of his Mechanism of the Cochlea, 
Wilkinson criticizes Helmholtz’ conclusion. 

4*R. L. Wegel and C. E. Lane, Phys. Rev. 23, 266-285 
(1924). 

5 Reference 4, Fig. 10, p. 281, and Fig. 11, p. 282. 
“Amplitude of basilar membrane”’ is abbreviated to Abm. 
6 Reference 4, Figs. 10 and 11, at 1200 and 3500 cycles. 
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will be seen that Wegel and Lane’s curve based 
on masking is a curve of quite another kind. 
Obviously Helmholtz’ assumption that the reso- 
nance curve of the ear is that of a stretched string 
or tuning fork must be false. It is hopeless to try 
to relate damping and sharpness of tuning by the 
formula governing this type of resonator.’ 

But Hartridge’s argument makes it clear that 
there is some relation between damping and 
sharpness of tuning. It should, therefore, be 
possible to find a formula which would relate 
Wegel and Lane’s curve with the observed 
damping of the ear. Figure 2 proves that this 
formula will be something very different from the 
simple formula for stretched strings. 

It was found by trial and error that Wegel and 
Lane’s curve very nearly corresponds to the 
formula for five cascaded resonators. Table I 
shows how the conclusion was reached. The 
width of the curves (in octaves) was measured at 
various values of ordinate (A;,).8 Damping was 
then calculated for various values of R (=number 
of cascaded resonators). Only when R=about 
five are the values for damping anywhere near 
constant. 

Now it is anatomically certain that the ear 
does not contain a system of cascaded resonators. 
It remains to see how this multum in parvo of 
selectivity has been achieved—how a graduated 
series of simple resonators (probably of the nature 
of stretched strings) can have the effective 
selectivity of about five cascaded resonators. 
Rather sweeping assumptions will have to be 
made, but it is hoped that evidence will be found 
to justify them. 


SECTION II 


It has already been mentioned (Section I) that 
amplitude of the ear resonators (A»») cannot be 
directly measured. It can only be inferred from 
sensation and from measurements of the energy 
of stimuli. In drawing their curves for form of 
vibration of the basilar membrane, Wegel and 


? The formula is conveniently written: 
dE=10R-log {1+7.45-N2(2?—2-?)}, 


dE=db below energy at resonance; P=octaves off reso- 
nance; R=number of cascaded resonators (=1 for a 
stretched string); N= F/A; where \=damping in bels per 
second; F=resonant frequency, cycles per second. 

_ § Details of the method of measuring the curves are given 
in an Appendix. 
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Lane made the quite reasonable assumption that : 
1 d(log S) ; 


Avbm=constant x\/S; or —————= 
2 d(log Abm) 


where S=energy of stimulus. 

But it can be no more than an assumption. 
There may be some mechanism apart from a 
resonator itself which will distort the relation 
between applied energy and response of the reso- 
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Fic. 2. Curve A is average of masking curves at 1200~ 
and 3500~. Others are for single resonators with damping 
shown. 


nator. A simple case is the a.v.c. system of a 
radio receiver. This system may ensure that the 
current in a tuned circuit does not increase in 
proportion to increase in applied energy. If there 
existed something of the nature of an a.v.c. 
system in the ear which reduced the response of 
its resonators in proportion to the logarithm of 
stimulus’ energy, then the relation might be: 


1 d(log S) 
«5 ammenliennas ig lle 
2 d(log Abm) 


where R might be conveniently described as a 
volume-compression ratio. If that were so, the 
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TABLE I. Value of damping constant, A, in bels per second. 














O* Y dE R=1 R=2 R=4.1T R=5 R=10 
1.2 400 1.6 260 588 564 616 812 900 
1.9 300 4.1 216 356 536 602 782 870 
Fig. 10f yh 200 7.6 182 334 544 614 816 900 
1200 c.p.s. 3.85 120 12 144 320 564 644 870 980 
4.15 100 13.6 126 306 556 636 872 980 
6.55 50 20 98 324 664 780 1090 1250 
5 1 54 4.6 100 494 660 1160 1400 
Greatest discrepancy: 5600% 287% 34% 29% 48% 61% 
1.1 800 0.8 1100 1580 2240 2640 3280 3640 
1.35 600 3.4 568 900 1360 1500 1960 2160 
Fig. 10 2.2 400 6.8 508 910 1450 1640 2160 2400 
3500 c.p.s. 4.0 220 12 470 1050 1860 2120 2860 3200 
4.3 200 13 456 1060 1900 2160 2960 3340 
5.9 100 19 306 956 1940 2280 3180 3620 
7.5 1 59 9.2 272 1580 2140 3960 4760 
Greatest discrepancy: 12000% 480% 65% 76% 102% 120% 
1.6 6000 ZS 264 400 600 664 854 950 
2.05 4000 6 166 294 468 520 690 764 
Fig. 11 209 2000 12 94 208 366 424 574 650 
1200 c.p.s. 3.8 1000 18 68 208 412 482 674 756 
6.5 500 24 58 242 550 652 950 1090 
9 1 78 0.34 30 314 468 990 1240 
Greatest discrepancy: 77500% 1230% 90% 57% 73% 1% 
1.0 6000 2.5 516 790 1180 1300 1680 1860 
1.45 4000 6 374 660 1050 1170 1540 1720 
Fig. 11 75 2000 12 206 460 810 926 1260 1420 
3500 c.p.s. 2.0 1000 18 114 346 684 800 1130 1260 
3.45 500 24 98 400 920 1096 1590 1820 
13 1 78 0.74 66 674 1000 2120 2660 
Greatest discrepancy: 70000% 1100% 75% 





63% 88% 122% 








* See Appendix, Section 1. 
+ R need not be a whole number. 


t Figure 10, p. 281; Fig. 11, p. 282; Phys. Rev. 23 (1924). Figure 10 in this paper is reproduced as Fig. 94, p. 184, in H. Fletcher's Speech and 
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values of Ay» in Wegel and Lane’s graphs would 
be fallacious. Being expressed in comparative 
linear units, they would represent actually : 


a constant x(Abm)®. 


To convert them to their true values it would be 
necessary to convert them to their Rth root. 

Now it is quite easy to see that if, taken as they 
stand, these curves obey the formula for R 
cascaded resonators, they will obey the formula 
for a single resonator if the ordinate values are 
reduced to their Rth root. 

The conclusion then is that the ear contains 
something of the nature of an a.v.c. system which 
ensures that Az» has a value equal to (approxi- 
mately) the fifth root of the value it would have 
if no such system operated. 

It remains to show that there is evidence for 


the existence of such a mechanism in the anatomy 
and dynamical behavior of the ear. 


SECTION III 


The cochlear response is very nearly pro- 
portional to \/S, or directly proportional to r.m.s. 
pressure of stimulus. It is not a measure of Aim. 
This important fact is made clear by an experi- 
ment performed by Hallpike, Hartridge, and 
Rawdon Smith.’ 

But it seems likely that the cochlear response 
(Wever-Bray effect) is a measure of the pressure 
at any point in the cochlea. It has been shown" 
that the voltages in vestibular and tympanic 
galleries are in opposite phase. If these voltages 


® Hallpike, Hartridge, and Rawdon Smith, Nature 138, 
839 (1936). 
10H, Davis, J. Acous. Soc. Am. 6, 205 (1935). 
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are supposed proportional to the pressures in the 
two galleries, it means a pressure tending to move 
the basilar membrane downwards in the vestib- 
ular gallery is opposed by an opposite pressure 
in the tympanic gallery. Actual movement of the 
basilar membrane is likely to be the resultant of 
the two pressures. 


Let or voltage 
V..= pressure in vestibular gallery | proportional 


and to that pres- 
Vi.=pressure in tympanic gallery} sure. 


Then Abm a Veo— Vig 





Veg — Amplifier ——— 7 
Differential meter. 
Vig —Amplifier-——— t 





Suppose two amplifiers were connected as 
shown, and their gain adjusted till their outputs 
were equal. Since V,, and Vy, are in opposite 
phase, there would no deflection in a differential 
meter—such as a valve voltmeter. 

Now let S (energy of stimulus) be varied. It is 
suggested that the balance would be upset (by a 
very small amount), and the relation might be: 


1 d(log S) 


— ——_—————_- = R= approx. 5. 
2 d(log (Vig— Vig)av 


From the anatomy of the cochlea it can be 
argued that V,, is of the nature of a negative 
feedback, and that the path: 


vestibular gallery—helicotrema 

—tympanic gallery 
is the mechanical analogue of a negative feed- 
back circuit. 


|<—d cm——> 





Oval window 
x 


Round window Helicotrema 





Diagram shows the cochlea reduced to its 
simplest terms. x is a point on the basilar mem- 
brane tuned to frequency F cycles and d cm from 
the helicotrema. 

Suppose : 

Energy passing through helicotrema 


Toial energy applied at oval window " 
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Then, from the point of view of energy trying 
to pass through the basilar membrane at x, there 
will be a negative feedback—a pressure tending 
to cancel the pressure in the vestibular gallery— 
equal to: 

k cos ¢, 


where ¢ is the phase change over a distance 2d 
cm. Except for the highest frequencies, it is 
evident that cos ¢ is not far short of unity, since 
the distance 2d cm will be very small compared 
with the wave-length." 

There seems to be a general idea—though 
perhaps a rather vague one—that k will increase 
with S: the greater the input, the greater the 
energy through the helicotrema. Allowing that 
this energy will exert a negative feedback on the 
basilar membrane, it is evident that here is 
a mechanism that might produce a volume 
compression such that Aim«.o/S, or that 
3d(log S)/d(log Aum) =5. A method of achieving 
volume compression would be to ensure that a 
proportion of the input can exert a negative 
feedback, and that this proportion will increase 
with increase of input. 

The control exerted by the tensor tympani 
muscle is known to reduce input to the cochlea by 
about 10 db, and to increase progressively with 
the total input to the ear. This effect would pro- 
duce a small amount of volume compression from 
the point of view of As» in relation to S, but 
insignificant compared with the suggested effect 
through the helicotrema. In general it may be 
argued that since nearly all man-made devices” 
which deal with the enormous range of energy 
represented by acoustic stimuli have to compress 
this range in one way or another, it is only to be 
expected that the same thing should occur in the 
ear. 

This discussion of the mechanism of the process 
is meant to be only tentative. Further evidence 
will now be considered to show that such a 

11 The possibility of such negative feedback occurring 
across the middle ear, through the round window and 
tympanum being in opposite phase, has been suggested 


(F. W. Kranz, J. Acous. Soc. Am. 1, 356 (1930)): “these 
opposing forces tend to keep down . . . the amplitude of 


the basilar membrane.”’ But surely the internal effect is 
likely to be much greater, though the effect mentioned by 
Kranz may add to it. 

12 For instance the B.B.C. short-wave transmissions are 
compressed to as little as 12 db. The energy range of 
speech sounds is also greatly compressed by a telephone 
transmitter. 
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TABLE II. 








Percentage change of loudness 
when stimulus is changed 
10 db over this level 


Original level of stimulus 
(db over 10716 watt) 





30 db 33.3% 
40 db 29.8% 
50 db 28 % 
60 db 26.7% 
70 db 25.8% 


80 db 25 % 








process of volume compression does occur, and 
with about a 5 : 1 logarithmic ratio. 

There have been many investigations of the 
relation between loudness and acoustic energy. 
One such investigation’ was made with the 
object of determining the relation between the 
gross change of loudness with change of energy, 
having no regard to frequency. The conclusion 
reached by Laird, Taylor, and Wille makes it 
possible to calculate the percentage change of 
loudness to be expected at any stimulus level 
when the stimulus is changed by 10 db. The 
result is shown in Table II. 

Itisobviously not possible to estimate loudness 
to fractions of one percent. Since one decibel = 26 
percent, it seems that these writers’ conclusion 
comes very near to stating that 10-db change in 
stimulus at any level produces about 26 percent 
or 1-db change of loudness; or that loudness is 
proportional to the tenth root of stimulus energy 
in linear units. 

But if the relation: 


3d(log S)/d(log Aim) = R=approx. 5 


holds good, it becomes possible to identify 
loudness, as conceived by Laird, Taylor, and 
Wille, with amplitude of the basilar membrane. 

The Weber-Fechner ratio, or the least per- 
ceptible increment of stimulus, is much higher for 
the ear than for most other sense organs. The ear 
cannot detect less than 26 percent change of 
stimulus, whereas the eye can detect less than 1 
percent. On teleological grounds there is no 
reason for this large difference. Change of in- 
tensity of an acoustic stimulus is just as valuable 
information to an animal as change of a visual 
stimulus. There is no obvious reason for it on 
neurological grounds. Nerve endings are of the 


33 Laird, Taylor, and Wille, J. Acous. Soc. Am. 3, 393 
(1932). 
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same nature in all sense organs. One would have 
expected the ear to be able to detect about { 
percent change of stimulus energy. 

It has often been suggested that amplitude, 
and not energy of vibration, of the cochlear res- 
onators is the factor deciding nervous response, 
If that is so, and if 5:1 logarithmic volume 
compression occurs as suggested, it means that 
1-db change of stimulus energy will produce only 
9.i-db change of A»,»,—and Ap» is a measure of the 
effective stimulus to the nerve ending. The true 
Weber-Fechner ratio—least perceptible change 
of A,,,—is thus 0.1 db or about 2 percent. 





SECTION VI 


Assuming the truth of the above relation the 
figures for decrement in Table I, under the 
column headed R=5, have as much accuracy as 
attaches to Wegel and Lane’s masking curves 
(apart from their arbitrary transposition of 
stimulus energy to Ap»). 

They show that damping is heavy, as would be 
expected with the heavy negative feedback sug- 
gested in Section III. It is of the order of 10-db 
loss of energy in 2 cycles of vibration. 

Owing to the difficulty of measuring A», exact 
figures for damping of the ear resonators have 
never been determined—or such as claim to be 
exact differ greatly among themselves. But at 
least there is some evidence suggesting damping 
may be as heavy as N=2. 

Wilkinson" points out that as few as two 
vibrations may give a sensation of pitch. This 
evidence is hard to reconcile with damping of the 
order N = 10, the value suggested by Helmholtz. 
It is just what would be expected if N=2, or 
thereabouts. 

If phase of the stimulus is suddenly reversed, a 
record of impulses in the auditory nerve path 
shows a silent period.? The duration of this 
period is the time taken for the basilar membrane 
to come to rest and recover its original amplitude. 
This evidence is consistent (at least for the cat’s 
ear) with damping of the order N=2. 





SECTION VII 


The relations between pitch shift and ampli- 
tude fora stretched string are complex, depending 


44 Wilkinson, Mechanism of the Cochlea, p. 124. (Wilkinson 
seems to confuse amplitude of vibration and energy of 
vibration.) 
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DAMPING AND 
on the nature of the supports and material of the 
string. The subject has been treated experi- 
mentally and theoretically by many writers. But 
the strings considered were usually true musical 
strings—that is, they were maintained at a 
tension very near their breaking strain, and 
made of very high tensile material. The basilar 
fibers responding to low frequencies are probably 
at a much lower tension in relation to their 
modulus of elasticity than musical strings. It 
may be that pitch shift is conditioned almost 
wholly by change in average tension of the fibers, 
the nature of the supports having little effect. 

If that is allowed, rule-of-thumb mathematics'® 
suggests the following relations may be approxi- 
mately true: 


Abm is proportional to [(1+dF)?—1]}, (1) 


T is proportional to F*L?-2D, (2) 
Aom is proportional to L-(dT-T)}, (3) 
TABLE III. 
; Relative (linear) 
Stimulus values of 
Loudness in db over Abm& 
level 107% watt 100dF [(1+dF)2—1]} Adm R* 





Pitch-shift data by Soffel at 150 cycles [Bell Lab. 
Record 15, 145 (Jan. 1937) ]. Loudness level converted 
decibels by H. Fletcher and W. A. Munson’s data [J. 
Acous. Sec. Am. 5, 82 (1933) ]. 


60 68 1.5% 





om tvs! 

70 75 28% 0.224 13 2 31 

80 82 4.5% 0.3 er 
90 90 60% 0.35 2.022 ©9 \ 49 

100 99 80% 0408 2.362 %8 

10 112 125% = 0.515 2.972 83 

1200 123 180% 0.625 3617 %| 

6) 31.5 

5.2 


Pitch-shift data by S. S. Stevens [J. Acous. Soc. Am. 6, 
152-153 (1935) ]. Stimulus level originally expressed as db 
over 1-bar pressure has been converted to db over 10716 
watt. Stimulus frequency = 150 cycles. 





53 1% 0.14 ) 
71 2% 0.2 i= oe) 
85 4% 0.28 19 > = | sy 
95 6% 0.35 25 2 39 
103 8% 0.41 29 > 67 
111 = 10% 0.47 3.3 7 97 | 
5) 29.1 
5.8 





* _ . . . - . . . ‘ 
R=half the logarithmic increment of stimulus energy divided by 


the logarithmic increment of Abm. 





18 Sap | : : 
See Appendix, Sections 2 and 3. 
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where 


dT =(1+dF)?—1. 


100 dF=percent pitch shift, 
dT =average fractional increase in tension 
corresponding to dF, 
T =tension of basilar fiber, 
L=length of basilar fiber, 
F=resonant frequency of basilar fiber, 
D=distance of basilar fiber from the oval 





window. 
TABLE IV. 

Abm from 

Abm& acoustic 

Frequency 100dF T pF L+<(dT:T)} impedance 
75cycles 9.0% 47.5 0.038 gh1.16 = 1.22 
125cycles 14.0% 98.5 0.035 1.95 4.14 
250cycles 9.0% 253 0.03 2.12 2.47 
500cycles 3.5% 580 0.025 1.63 2.33 

1000cycles 10% 1200 0.02 1 1 


(dT =(1+dF)*?—1) 








Calculations are from Soffel’s data for loudness level 110. This repre- 
sents a nearly constant stimulus level. The estimations of Atm are by 
Trégler [Physik. Zeits. 31, 26-47 (1930)]. 


Given a series of observations of pitch shift 
at the same frequency but for different stim- 
ulus levels, a series of comparative values 
of Ay, can be had from Eq. (1). The value of 
1d(log S)/d(log Asm) =R can then be calculated. 

Making conventional assumptions for values of 
D and L (they are not critical for the present 
purpose) comparative values of JT can be 
obtained. 

With these values in Eq. (3) it becomes pos- 
sible to obiain a series of comparative values of 
Aim for the same stimulus level but at different 
frequencies, given the corresponding pitch-shift 
data. 

The first process is carried out in Table III, 
applied to two independent series of pitch-shift 
data. In both cases the values for R are of the 
order of 5. 

Since hitherto it has always been assumed that 
R=1, there are no other results these figures can 
be compared with, except the indirect evidence 
already mentioned. 

Table IV shows the results of the second 
process. 

These results can be compared with experi- 
mental results obtained independently—from 
acoustic impedance measurements. The con- 








Ss. 
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cordance is fair considering how many arbitrary 
assumptions have been made."* In particular it is 
worth noting that at 75 cycles and 1000 cycles 
the relative amplitudes agree closely with those 
based on acoustic impedance. The amplitudes are 
nearly equal, though the difference of pitch shift 
is considerable. 

The symmetry of Soffel’s pitch-shift contours 
suggests that the relative amplitudes remain 
much the same at different energy levels, so there 


16 Conventional assumptions regarding position of reso- 
nance on the basilar membrane have been made. In the 
writer’s opinion the actual positions are different, since 
tones below 100 cycles are heard only as subjective 
harmonics and tones above 4700 cycles cause the basilar 
fibers to vibrate in more than one section at harmonics of 
their fundamental frequency. Resonance to 1000 cycles will 
then occur about 1 cm from the oval window. Almost every 
individual audiogram shows a sharp change at about 4700 
cycles, this being the upper limit of fundamental response 
of the basilar membrane. The change is repeated at 4700 X 2 
cycles. It is especially marked in senile audiograms, where 
the fibers are stiff and will not readily vibrate in sections. 
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is no point in making a detailed calculation at 
more than one level. 


APPENDIX 


Section 1. Measurement of Wegel and Lane’s 
Curves (See Table I) 


The curves measured were the four representing form of 
vibration of the basilar membrane, two at 1200 cycles and 
two at 3500 cycles [Phys. Rev. 23, Fig. 10, p. 281 and 
Fig. 11, p. 282 (Feb. 1924)]. From data in the paper 
(Fig. 8, p. 279 and Fig. 12, p. 283) abscissae can be con- 
verted to octaves. 

Let Q=width of curves in millimeters, as actually 
printed, at ordinate= Y. Let Ymax=value of ordinate at 
peak of curve. Width of curve in octaves 


=QX0.0625 at 1200 cycles, 
=QX0.068 at 3500 cycles. 


QXconstant 
Ynax/Y)?/*®—1}) 


Value of the constant depends on the scale on which the 
graphs are printed and 


= 144 at 1200 cycles, 
=454 at 3500 cycles. 


The value of R is chosen arbitrarily till a value is found 
which gives nearly constant values of A. Owing to the small 
scale on which the curves are printed discrepancies up to 25 
percent or so in the values of A are probably fortuitous. 





A=(very nearly) r bels per second. 


Section 2. Calculations Based on Pitch-Shift 
Data (Tables II and III) 


For any stretched string: F*=constantX7 where 


F=frequency and T =tension. 
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Let dT be the fractional increase in average tension when 
the string vibrates with amplitude A, corresponding with a 
fractional change in frequency dF (100dF=percent pitch 
shift). Then: 


F?(1+dF)?=constant X 7(1+dT). 
Dividing these equations: 
dT =(1+dF)?—1. 
If L is the length of a string at rest and L+4dL its length at 
amplitude A, the relation: 
A« (dL)! is approximately true. 
If the string obeys Hooke’s law during vibration: 
A« (dL)'x (dT)ix [(1+dF)*—1]}}. 
For two strings of lengths Z and Le, and tensions 7 
and T2: 
A _L (4 T 


~ L3\dT2-T2 


} . 
tnt ) . (See Fie. 3) 


INNER EAR 57 


Section 3. Calculation of Relative Tension of the 
Basilar Membrane 


It seems generally agreed that T« F*L?-2D* 
where ZL =length of basilar fiber (or whatever is regarded as 
the vibrating element) 
F=its frequency; T=its tension; and D=its dis- 
tance from the basal end of the cochlea (oval 
window). 


Figure 4 shows how comparative values of T were ob- 
tained, making conventional assumptions regarding F, L, 
and D. 

(Making less conventional assumptions, and guessing the 
modulus of elasticity of the basilar fibers, the absolute value 
of Abm was calculated. It is of the order of 1/200 length of 
the fiber for 120-db stimulus. It can be argued that the 
expression F*L?-2D is actually the value of T in lb./sq. inch, 
numerical constants cancelling out.) 


* Wilkinson and Gray, Mechanism of the Cochlea, and H. Fletcher, 
J. Acous. Soc. Am. 1, 311-343 (1930). 
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An Experimental Study of Trumpet Embouchure 


HAYWARD W. HENDERSON 
Peabody Conservatory of Music, Department of Research, Baltimore, Maryland 


(Received June 5, 1942) 


ESIDES the voice itself, brass wind instru- 

ments are the only ones which depend for 
their tone upon the vibration of part of the 
human body, and hence, much the same dissen- 
sion and conflict of view that is prevalent among 
vocalists exists among brass instrument players. 
One quotation from a current method book 
serves to illustrate the vagueness, and even 
absurdity, of instructions which are all too 
frequently given to beginners on the trumpet. 
‘“‘Pure air is that which gives the clearest sounds: 
observe that those who make their instruments 
very hot have generally an exceedingly bad tone. 
To avoid heating the instrument, do not blow 
all your wind into it, but by holding it back a 
little you will preserve the freshness of the air 
you blow and your tone will profit thereby”!!! 

The purpose of this study was to determine 
the underlying principles contributing to an 
efficient embouchure, to the end that the 
acquisition of this phase of trumpet technique 
might be facilitated. ‘‘Embouchure”’ is under- 
stood to mean, fundamentally, the lip technique 
involved in producing and controlling the 
trumpet tone, together with the effect of such 
contributing factors as breath pressure, tongue 
and jaw setting, the operation of the facial 
muscles, etc. 

An almost universal concept is that the two 
lips participate equally in the production of 
tones, acting, in effect, as a double cushion reed. 
In fact, many analyses of vocal cord actions 
have been drawn from an assumed analogy 
between the vibrating lips and the vibrating 
vocal cords. However, several observations of 
the lips in vibration indicated that the accepted 
“double reed” theory might be wrong, and that 
the upper lip does most of the vibrating on all 
trumpet tones. These observations were made 
when the lips were vibrating within just the rim 
of a regular mouthpiece. This rim had been 
cut from the rest of the mouthpiece and mounted 
in such a way that the portion of the lips normally 
inside could be studied and photographed. 
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On the basis of the audible pitch produced by 
the vibration of the lips within this “cutaway” 
mouthpiece, players were directed to “buzz” 
certain tones for a series of tests. As a preliminary 
step a good player was asked to buzz tones as 
the lips were touched successively with a pencil 
point. He was told to keep the lips vibrating in 
a normal manner, insofar as possible, and to do 
nothing to change the pitch of the sound. It 
was found that, depending on how hard the 
upper lip was touched, the vibration either 
stopped completely, or when it continued, stayed 
on the same pitch. On the other hand, when the 
lower lip was touched, the vibration, before 
being stopped, either increased or decreased in 
frequency, depending upon whether the lip was 
pushed up or down. This definitely indicates 
that there is a difference in the function of the 
two lips; it confirms, to some extent, the theory 
that the upper lip does the vibrating; and it 
suggests that the lower controls frequency. 

A further preliminary test was made by 
covering each lip, successively, with a thin sheet 
of rubber as tones were played on the trumpet 
itself. It was found that, with the sheet over the 
lower lip, players could continue playing with 
little loss of control and with little added 
difficulty. With it over the upper lip tones could 
still be played, but only with great difficulty and 
then with a definite loss of control of pitch 
change, as well as ease of maintaining the tone. 
The addition of a second sheet of rubber still did 
not greatly hamper playing with the lower lip 
covered, but added considerably to the difficulty 
of producing tones when the upper lip was 
covered. 

In other experiments the difficulty of pro- 
ducing tones was measured quantitatively by 
means of an open end manometer, filled with 
water, and fitted with a small glass tube which 
was placed in the corner of the player’s mouth. 
The manometer tube was calibrated in “‘inches 
of water,” and the level of the water in it thus 
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EXPERIMENTAL STUDY 


gave an accurate measure of the air pressure 
required to produce tones. 

Subjects were directed to play low C with the 
lip positions shown in Fig. 1, and, since the 
minimum air pressure necessary to vibrate the 


lips was desired, the tones were played as 
softly as possible. In position a the lower lip was 
completely outside the mouthpiece, all tone 
necessarily coming from the vibration of the 
upper lip against the lower rim of the mouth- 
piece. Position f shows the upper lip outside so 
that to produce tones the lower lip had to vibrate 
against the upper rim. The other figures show 
intermediate positions between these two ex- 
tremes, the normal position for all good players 
being close to position c. 

This experiment showed that as long as the 
upper lip was free to vibrate at all, tones could 
be produced relatively easily, even in position a. 
For all players examined, the control of pitch 
improved greatly as soon as the lower lip was 
brought into the mouthpiece far enough to 
touch the upper lip, however slightly (position 0). 
Tones could be produced and controlled until 
the motion of the upper lip was definitely 
restricted, as in positions e and f, when either 
no tone at all could be produced, or a great deal 
more air was needed to play one. 

Since the lips, when isolated for this experi- 
ment, were in such abnormal positions, one 
further test was necessary. In order that each 
lip could vibrate independently and still be in 
its normal position, one-half of a standard 
trumpet mouthpiece was built up so that the 
built-up part could take the place of the second 
lip as far as support for the vibrating lip was 
concerned, but could contribute nothing else to 
the control of pitch and tone. By rotating the 
mouthpiece either lip could be isolated. 

The minimum air pressure necessary to 
produce a low C on this mouthpiece, using the 
upper lip in its normal position, was frequently 
exactly the same, and always close to that used 
normally on the regular mouthpiece. With the 
mouthpiece reversed and the lower lip in its 
normal position, usually no tone could be 
produced. When one could be produced, the air 
pressure needed was at least three times that 
necessary for tones either with the upper lip 
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alone on the built-up mouthpiece, or with both 
lips on a normal mouthpiece. 

These last two experiments, then, seem to give 
conclusive proof that trumpet tones are origi- 
nated by the upper lip vibrating as a single reed 
against a relatively fixed body, i.e., the lower lip. 
A limited amount of control of pitch is gotten 
from the upper lip alone, and possibly the 
quality of tone, insofar as this is dependent upon 
the player, is largely determined by the vibration 
of this lip. The /ower lip, not being an entirely 
fixed body, is forced into a limited vibration, 
which may also contribute to the tone quality, 
but its main functions are to provide something 
against which the upper lip can vibrate and to 
control its vibration rate. 

This single reed theory is far from what has 
generally been thought, and at first glance it is 
difficult to see how such a thing is physiologically 
possible. To accept a double reed theory of 
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vibration, it must also be accepted that the lips 
are equally tensed and evenly approximated. 
This, however, is not the case, for examination 
of the lips vibrating within the cutaway mouth- 
piece shows that the lower lip is slightly turned 
under the upper for all tones, and particularly 


for the high ones. This overlapping and the 
resultant unequal tension cause the upper lip to 
be blown away from the lower and to vibrate 
against it. It is possible that this could be 
reversed and a tone produced, but in no case 
was this type of vibration found. 

Good trumpet players are constantly drawing 
the lower lip inward in this manner, and, in 
effect, are “biting’’ on the lips to force them 
tightly together. Using this method part of the 
tension can be gotten by the aid of the strong 
biting muscles, and, in addition, probably the 
lower lip is supplied with stronger muscles than 
the upper. 

The control of pitch by the lower lip, then, 
is accomplished in the following manner: In the 
first place, it increases the frequency by squeezing 
against the upper lip, the resistance of the upper 
lip to this action increasing its stiffness and, 
hence, the pitch is raised in much the same way 
in which it is raised in a reed or string. In the 
second place, the lower lip increases frequency 
by restricting the vibratory movement more and 
more to the part of the lip closest to the opening 


between the lips, the frequency rising as the 
vibrating mass decreases. 

From this analysis it can be seen that a 
coordinated use of the two lips is essential for 
any tone. For simplicity the elements of this 
coordination, namely, lower lip tension and its 
resultant effects on the upper lip, all have been 
included in the term lip set. A high tone, then, 
requires a tighter lip set than a low tone. Tension 
of the facial and related muscles has _ been 
included in the term muscular tension, it being 
understood that this tension may or may not 
result in an effective lip set. 

Besides muscular tension, another method of 
securing a tight lip set is by pressing the mouth- 
piece against the lips, higher pitches resulting 
because of the mechanical stretching and com- 
pressing of the lips between the mouthpiece and 
the teeth. It is curious that all trumpet players 
decry the use of this method, yet virtually all 
method books specifically tell the beginner that 
it is by increasing mouthpiece pressure that 
higher tones are secured. However, it is a well 
known fact that the use of too much pressure 
has many disadvantages, chief of which is that 
it causes a marked swelling of the upper lip, 
consequently greatly limiting the amount of 
practice that can be done without tiring. 
Obviously, a swollen lip is much more difficult 
to vibrate and control than the normal lip. At 
the other extreme is the so-called “‘no pressure 
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system,”’ which has gained considerable attention 
in recent years. The pressure vs. no pressure 
argument is an important one, and the best 
compromise between these two extremes is of 
great practical as well as pedagogic interest. 

For this reason the largest portion of the 
complete study has been an analysis and com- 
parison of kymograph records of the mouthpiece 
pressure variations by representative players. 
Many records were made on the apparatus 
shown in Fig. 2. The trumpet was suspended by 
means of the wire C and pivoted from the point 
B. The only contact the player had with the 
apparatus was through his lips on the mouth- 
piece, and, as more pressure was needed, his 
whole upper trunk was moved forward, pushing 
the trumpet forward, and along with it the slide 
F-G. This slide rolled over ball bearings H, 
resistance to the pressure on the mouthpiece 
being offered by the spring J. The pointer J 








was attached to the slide and touched the 
revolving drum K the drum being covered with 
a lightly waxed paper, and making one revolution 
every 3} minutes. In addition to the record 
traced by J, scale lines were ruled on the graph 
by the pointers N, the spring J being calibrated 
so that the lines ruled represented eight-ounce 
increments. The pointer O was used to mark, 
in code, such things as: when tones were changed, 
when they were missed, or any significant error. 

A typical example of the records is Fig. 3, 
the curves representing the pressures used by 
three selected players ascending and descending 
on the tones of the C harmonic series. Several 
interesting things are shown by this figure, but 
for this discussion all that is important is that 
as higher tones are played there is a definite 
increase in pressure by all players. Even player 
A, who was a concert artist, used as much as 
12 pounds of pressure when producing a moder- 
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ately loud high C, while player C, a poor one, 
used 33 pounds for the same tone. For a fortis- 
simo high C player A used over five pounds of 
pressure on his lips! 

Most of the kymograph records were con- 
densed into the form shown in Fig. 4, unsuccess- 


ful trials for tones being omitted and the average 
pressure for each tone plotted against the tone 
being played. For many figures the records of 
several players were superimposed, but this 
particular one shows the curves for the tones of 
the seven harmonic series possible on the 
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trumpet, as played by the same three players 
represented in Fig. 3. The curves are nearly 
parallel for player A, diverge, or spread, slightly 
more for player B, and spread a great deal for 
player C. The difference in slope of the curves 
for these three, and for other players studied, 
shows that the most important factor in the 
use of mouthpiece pressure is not only the use of 
a small pressure for every tone, as is commonly 
thought, but the use of a low range of pressure 
variation. 

Records of air pressures used by players 
showed that good ones use the same pressure on 
a given tone each time it is played, regardless of 
its melodic environment, if the intensity is kept 


constant. This is clearly shown in Fig. 5. The 
upper and lower solid lines, for each player, 
represent the mouthpiece and air pressures, 
respectively, used on a played ascending and 
descending chromatic scale, the mouthpiece 
pressure being represented in ounces and the air 
pressure in inches of water. The dotted lines 
represent the average mouthpiece and air 
pressures on a synthetic chromatic scale, built up 
by rearranging the readings for the tones as 
played in the seven harmonic series. The close- 
ness of the air pressure curves is strikingly 
contrasted to the wide differences between the 
mouthpiece pressure curves for the two scales by 
both players. Furthermore, superposition of the 
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airy pressure curves of several players indicated 
that, in spite of the wide differences in the 
mouthpiece pressures used, for tones within 
their comfortable ranges all players use the 
same air pressure, assuming an equal intensity, 
of course. 

Further analysis has shown that for an 
efficient player the mouthpiece and air pressure 
curves for any played series or scale are parallel, 
and that the divergence of these two curves is a 
measure of the degree of dependence a player 
puts in mouthpiece pressure as a substitute for 
muscular tension in securing lip sets. The 
parallelism of the two curves for a good player 
can be seen from the solid lines of player A’s 
curves in Fig. 5, while the way in which the two 
can diverge can be seen in the curves of player C. 
In addition to this, the divergence of the air 
pressure curve from a straight line, which occurs 
above a player’s comfortable playing range, was 
shown to be a measure of his wasted muscular 
effort in this range. Thus, in Fig. 5 it can be 
seen that player A’s air pressure curve is virtually 
a straight line, whereas player C’s curve is 
straight only to about middle D, above which it 
rises sharply. All of this particular player’s 
records showed that his control was fairly good 
just to about high F, this being confirmed by his 
actual playing. 

Many other things have come from the study 
as a whole, and, in conclusion, some of them, 
together with the points mentioned in this 
resumé, are listed: 

(1) The principal difficulty of trumpet playing 
is the production of the higher pitches. This 
difficulty is in proportion to the absolute pitch 
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of these tones, and irrespective of the valve 
setting used. For example, a high B flat requires 
a certain lip set, mouthpiece pressure, and 
muscular tension, regardless of whether it is 
played as the seventh partial of the C harmonic 
series, the eighth of the B flat series, the ninth of 
the A flat series, or the tenth of the G flat series, 

(2) Mouthpiece pressure is a substitute for 
muscular tension, and undesirable when it takes 
over what muscular tension should do. 

(3) The ideal is not to use no mouthpiece pres- 
sure, nor even a uniform pressure, but a uniform, 
low rate of pressure change throughout the trumpet 
range, changes being made continuously, rather 
than in sudden jumps. 

(4) The principal determinant of pitch is the 
lip set, whether it be secured chiefly through 
muscular tension or with the aid of a small or 
large amount of mouthpiece pressure. The lip 
set determines the air pressure necessary to force 
the lip into vibration, and this, in turn, deter- 
mines the mouthpiece pressure to be used, the 
amount used always being slightly more than 
that needed to keep air from escaping around 
the edges of the mouthpiece. 

(5) A subsidiary determinant of pitch, which 
limits the pitch to intervals of a particular 
harmonic series, is the length of the tube in use 
at the time. 

Finally, contrary to the generally accepted 
belief, the upper lip is the primary originator of 
tone, its vibration rate depending upon its 
degree of stiffness and the mass which is allowed 
to vibrate, these two factors being controlled 
chiefly by the lower lip’s ‘‘biting’”’ and squeezing 
against it. 
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A recently developed boundary perturbation theory is 
applied to the solution of certain problems in room acous- 
tics. Wave patterns and normal frequencies can be calcu- 
lated for rooms having walls which are distorted by shape 
irregularities, by non-uniformities of boundary absorption, 
or by a combination of these. The method is quite general; 
it is applicable to any form of irregularity if the amount of 
distortion is ‘“‘small,’’ provided solutions for the basic form 
are obtainable. Specific formulas are derived for trapezoidal 
shapes and calculations agree closely with experimental 
patterns and frequencies reported previously. An experi- 


ment has been devised to test the range of validity of the 
perturbation formulas for one case. A small test chamber 
was built with walls which could be shifted continuously in 
plan to give trapezoids of constant area, having any desired 
degree of deformity. A number of normal frequencies were 
traced through the whole range of shapes. For wall angle 
shifts up to about 15° the perturbation calculations hold 
well. The perturbation theory yields certain general con- 
clusions regarding the problem of sound diffusion in 
irregular rooms. These appear to be of particular interest 
in the light of recent experience in applied acoustic design. 





INTRODUCTION 


HE recent wave theory developments in 

room acoustics have been confined largely 
to simple shapes for which the wave equation is 
readily solved. The extension of these investiga- 
tions to rooms of complicated shape is desired 
because in practice one frequently encounters 
irregular walls and a variety of architectural 
forms.'~ The solution of this problem is not 
straightforward. Known methods of analysis 
apply to only a few special kinds of shapes. If one 
of the eleven® separable coordinate systems does 
not apply directly, it may be possible to obtain 
solutions in one of them by symmetry properties ; 
some cases can be calculated by a laborious net- 
point method of successive approximations ;° in 
a range of wave-lengths much shorter than the 
room dimensions, free wave diffraction calcula- 
tions will be useful for certain types of irregu- 
larities, and probably some configurations are not 
amenable to analysis at all. Fortunately, how- 
ever, there are cases in which the wave theory 
methods developed for rectangular rooms can be 


* Presented in part at the twenty-fifth meeting of the 
Acoustical Society of America, Rochester, New York, 
vr in 1941. Abstract 12, J. Acous. Soc. Am. 13, 82 

1R. M. Morris and G. M. Nixon, J. Acous. Soc. Am. 8, 
81 (1936). 

*C. C. Potwin and J. P. Maxfield, J. Acous. Soc. Am. 11 
48 (1939). 

* John E. Volkmann, J. Acous. Soc. Am. 13 234 (1942). 

*C. P. Boner, J. Acous. Soc. Am. 13, 244 (1942). 

5L. P. Eisenhart, Ann. Math. 35, 284 (1934). 

®°R. H. Bolt Phys. Rev. 57, 1057A (1940). 
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carried over, with certain modifications, to rooms 
of other shape. 

This paper presents an application of a recently 
developed boundary perturbation theory,’ ex- 
tending the wave acoustics techniques to one 
general class of rooms: those which do not deviate 
greatly in shape from one of the simple basic 
forms, such as the rectangular parallelopiped. 
This covers a sizable group in architectural prac- 
tice: small studios with walls and ceiling slightly 
skewed, rooms with splays, cylindrical sections or 
other sound diffusing forms applied to its walls, 
and many other rooms recently designed with 
acoustic considerations.* 4 

The perturbation method is also applicable to 
non-uniformities in boundary conditions, such as 
obtain in a room with patches of absorbing 
material scattered on its walls. This problem has 
been worked out recently® to the first-order 
approximation, and verified experimentally for 
several non-uniform arrangements of absorbing 
material in a rectangular room. The theory given 
in the present paper includes the first-order 
result, and extends to the next order of approxi- 
mation. The present treatment also makes it 
possible to analyze the combination of non- 
uniform absorption with boundary shape irregu- 
larities. These are the cases of most practical 
interest. 


7H. Feshbach and A. M. Clogston Phys. Rev. 59, 189 
(1941). 
8D. Y. Maa, J. Acous. Soc. Am. 12, 39 (1940). 
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Before attempting to solve the complexities of 
a full scale problem, however, it seems well to 
work out a few simple cases of perturbed wave 
patterns and normal frequencies for experimental 
verification, and to check the range of applica- 
bility of the perturbation method. One can also 
draw from these preliminary results a few general 
conclusions regarding the influence of irregular 
boundaries on the distribution of sound in rooms. 
The agreement between these conclusions and 
observations made in rooms of contemporary 
acoustic design serves to give an indirect verifica- 
tion of the validity of the boundary perturbation 
theory for room acoustics. 


GENERAL THEORY AND INTERPRETATION 


The pressure ¥, in a room with perfectly re- 
flecting walls satisfies the equation 


Vvntknn=0 dp,/dn=0 on the surface. (1) 


General solutions of Eq. (1), with the given 
boundary condition, can be obtained for a few 
specific shapes only.® Let us call these shapes So, 
the corresponding normalized solutions ¢,;, and 
the corresponding eigenvalues K;,.. 

When the boundary shape is not So, general 
solutions cannot be obtained. Also, if the walls 
are not perfectly reflecting, exact solutions of 
Eq. (1) can be obtained for a few special cases 
only.*-" In a previous paper’ expressions have 
been found for the pressure and complex fre- 
quency for two cases: 

Case I: The shape S differs slightly from So. 
The boundary condition is still d,/dn=0. 

Case II: The shape S is the same as So. The 
boundary condition is now dy,/dn=Fy,, where 
F is small. F=(x,)!pc/iZ, where Z is the specific 
acoustic impedance of the boundary, and pc is the 
characteristic impedance of air. This amounts to 
the introduction of absorbing material into the 
walls. 

The results for these two cases can be combined 
to give expressions for the case of a small change 
in the boundary shape plus the introduction of 
absorbing material. The pressure in this com- 
bined case is simply a linear sum of pressures for 

*P. M. Morse, J. Acous. Soc. Am. 11, 56 (1939). 

10F, V. Hunt L. L. Beranek, and D. Y. Maa, J. Acous. 
Soc. Am. 11, 80 (1939). 


1 J. R. Pellam and R. H. Bolt, J. Acous. Soc. Am. 12, 24 
(1940). 
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cases I and II as obtained froin Eq. (2); the 
combined normal frequency is somewhat more 
complicated than a sum of Eqs. (5) and (6), 
involving cross products. But the details for the 
combined case need not be given here. 

Since all these changes are small, the solution 
y¥, with eigenvalues x, will be very much like 
the solution ¢, with eigenvalue K,. It is then 
possible’? to write the pressure for both cases | 
and II to first order: 


N x Abn 
Vr= J e.- al 2 
kK. (2) 


where the prime indicates that the term k=n is 
omitted in the summation. JN, is a normalization 
constant. A,, is defined as follows: 


0 
Case I: Am= [ o*—(oon)d5; (3) 


S On 
Case II: Ar= -f ¢n* Fe,dS; (4) 
So 


where the integration is over the surface Sy, 
0/dn is the derivative in a direction normal to S). 
The definition of the operator o will be given 
after the statement of the results for the eigen- 
values, which are: 


Case I: 


0 
kn=K,+A ot f (o¢n)—(o* ¢n*)dS+ Ban 
So on 


ArnA in” 
a (n-D)¢,*(H'+A nn) Ond'S — d oe eee (5) 
So k K.—-K, 


Case II: 


A nA nk 
Kn=KntAnn— /—_ . (6) 
k K,.-K,, 


The first-order terms in Eqs. (4) and (5) have 
been given previously by Froelich" and Cabrera." 
In the above, 


rs] 
Bin= f ¢n*—(7—o?) gd S, 
S On 


H' =cV?-V’e. 


22H. Froelich, Phys. Rev. 54 945 (1938). 
13 N. Cabrera, Comptes rendus 207, 1175 (1938). 





PERTURBATION OF WAVES 


n is the unit vector normal to the boundary 
surface. The vector D has three components X, 
Y, Z, which have the following definitions. If 
x, y, are the cartesian coordinates of a point on 
So, then x +X, y+ Y, 2+Z give the cartesian 
coordinates of a corresponding point on S. The 
operators ¢ and 7 can now be defined as: 


(9) 
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r= D (x +X Y- +xXZ— (10) 
2, U2 Ox" Oxdy Oxdz 

These definitions of D, o, and 7 can be used in 

coordinates other thas: cartesian by means of the 

usual transformation formulas. 

Expressions (2) to (6) require further the 
values of derivatives of X, Y, and Z on Sp. 
These conditions have been given in general in 
formulas (24) and (25) in reference 7. For the 
case of two dimensions this reduces to the 
requirement that the Cauchy conditions be 
satisfied on So: 


ax daY 


+—=0 
Oy Ox 


ox 
Ox dy 


on So, 


oY 


on So. 


The only other condition on X, Y, Z requires 
that the changes in the boundary shape or 
boundary conditions be sufficiently regular. 

By means of Eq. (2) we can compute the 
wave pattern in the distorted enclosure to first 
order in the change. By means of Eqs. (5) and 
(6) the complex frequency can be computed to 
second order in the change. These results will be 
illustrated by their use on rooms with trapezoidal 
cross sections. It is possible, however, to interpret 
the general formulas given above in terms of 
qualitative statements bearing on room acoustics 
problems. Let us look at these general deductions 
before proceeding to the applications. 

We first recall briefly the relations between 
sound diffusion and room acoustics. The classical 
reverberation theory is based on a statistical 
condition of random sound energy distribution ; 
only when sound in a room is truly diffuse does 
the decay become accurately logarithmic, and 
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the Sabine reverberation formula hold. Com- 
plete diffusion does not obtain in a rectangular 
room with uniform absorption on one or more 
walls, but the state of diffusion which does exist, 
and the decay curves, can be calculated for this 
case.!° There are also subjective aspects of sound 
diffusion. Though few quantitative data are 
available, evidence®!5 indicates that, for pleasing 
and natural hearing conditions: (1) the sound 
decay should be approximately logarithmic, with 
small superposed variations, and (2) the sound 
energy should be uniformly distributed through- 
out the room, with freedom from focusing effects 
and from dead spots. Efforts to attain these sub- 
jectively desirable conditions have led to various 
methods for controlling sound diffusion.!~* 

The results given by Eq. (2) can be described 
by saying that, as a result of boundary irregu- 
larities, there is an interaction between the 
normal mode ¢, and other modes ¢,. As a result, 
energy, which for shape So was only in the mode 
¢n, is now shared by several modes. Each normal 
mode of vibration is characterized by a particular 
distribution of sound pressure, and by a direction 
of vibration given by the direction cosines of 
the corresponding point in frequency space." 
Except in special cases, no two modes have the 
same distribution and direction, so that mixing 
of modes always tends to make space patterns 
less regular and to spread the energy into many 
directions. In other words, boundary irregulari- 
ties generally lead to greater sound diffusion. 

The amount of interaction depends upon the 
coefficient Axn/K,—K, in Eq. (2). One notices 
that, because of the resonance denominator, the 
only modes which interact appreciably are those 
which are close together on the frequency scale. 
For the lower normal frequencies in a given 
room the interaction will, therefore, include only 
a few surrounding normal modes. When the 
frequencies are high, with consequently greater 
density of modes in a given frequency range, 
the interaction will involve many modes and 
therefore be more effective in increasing sound 
diffusion. The resonance effect is accentuated by 
the nature of Ax», which decreases rapidly in 

144 P, M. Morse, R. H. Bolt, and R. L. Brown, J. Acous. 
Soc. Am. 12 217 (1940). 

15 R. L. Hanson, J. Acous. Soc. Am. 3, 318 (1932). 


*6P, M. Morse, Vibration and Sound (McGraw-Hill 
1936), Chapter 8. 
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value when k and n differ greatly. This increase 
of diffusion with frequency is evidenced experi- 
mentally by absorption coefficients. It has been 
shown" that values measured conventionally in 
reverberation chambers do not correspond to the 
statistical coefficient of Sabine at low frequencies. 
In fact the decay curves have distinct changes in 
slope, invalidating the application of simple 
statistical theory, and indicating lack of true 
diffusion. This is the case at frequencies below 
200 c.p.s. even in reverberation chambers with 
vanes, splays, and other diffusing agencies. Above 
2000 c.p.s., on the other hand, straight line 
decays can be obtained and statistical absorption 
coefficients are measured. It has also been ob- 
served" !7 that field coefficients measured in large 
rooms usually correspond to statistical values 
down to lower frequencies than do reverberation 
chamber values. The increased frequency density 
of normal modes, at a given frequency, in the 
larger rooms probably accounts, at least in part, 
for the greater diffusion. 

The factor Ax» given in Eqs. (3) and (4) de- 
pends strongly on the symmetry properties of the 
irregularity. Consider, for example, two-dimen- 
sional** rectangular rooms, such as the test 
chambers used in the present study. Here the 
axes of symmetry are the two lines perpendicu- 
larly bisecting the side walls and crossing in the 
center of the room. All the normal modes are 
either odd or even with respect to a reflection 
about these axes. To first order, a distortion 
which is even with respect to such a reflection 
will connect modes of the same symmetry, but 
discriminate against modes of opposite sym- 
metry. A distortion which is odd will connect 
only modes of opposite symmetry. In trapezoidal 
and parallelogram shapes, which are particularly 
simple and strongly symmetrical cases, three- 
fourths of all the modes are immediately re- 
stricted from interacting with a given mode 
through the factor A;,. As the room shape is 
made less symmetrical the conditions on Ax, 
become less restricting. All kinds of modes 
should be included in Eq. (2) for maximum 
mixing. This leads to the suggestion that irregu- 

17“Symposium on absorption coefficients,’’ J. Acous. 
Soc. Am. 11, 37-96 (1939). 

** An enclosure in which two dimensions are much 


greater than the third; no normal vibrations in the third 
direction occur in the frequency range under discussion. 
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larities in shape or absorbing material should be 
distributed in a completely non-symmetrical 
fashion if diffuse sound is desired. This rule js 
amply supported by experiences in the field.!-4 
Potwin and Maxfield,? in discussing the “‘. . . in- 
creasing use of dispersing forms and non-parallel 
arrangements of surfaces . . . ,’’ state that these 
irregular surfaces ‘‘. . . have proved most effi- 
cient in use when varied in size, position, and 
arrangement so that . . . irregularities are in- 
troduced in their over-all pattern... .” 

We next ask what distortion size will give 
optimum results for the diffusion of sound of 
wave-length \. We shall consider waves which 
are reasonably short compared with the room 
dimensions so that there will be a sufficient 
number of modes with wave-lengths near \ to 
make good diffusion possible. Detailed predic- 
tions could be made for waves longer than this 
also, but the results would vary widely from case 
to case, depending on the exact shape and 
position of the irregularity in the room. It is 
of more practical interest to discuss average 
effects involving a number of modes. A maximum 
of diffusion will result if all these modes mix as 
much as possible. Let us first assume that the 
distortions possess no symmetry properties, so 
that all the modes can interact. Because of the 
resonance denominator, the only modes which 
can interact appreciably are those having wave- 
lengths approximately equal to \. The quantity 
in Eq. (2) which involves distortion size is A;n, 
and its value is a maximum when kn. We 
require that A;, should be as large as possible. 
Consider Eq. (4) for the case of a homogeneous 
distortion. The integrand becomes ¢,¢ ;, and the 
integration is taken over the whole distortion. 
In general, for kn, the integral will consist of 
a term which gradually increases, and another 
term which oscillates, as the size of the distortion 
increases. Both of these terms are zero when the 
distortion size is zero. The oscillating term has its 
first maximum within a distance \/2. The distor- 
tion is most efficient when it achieves a maximal 
effect with a minimal size; under the conditions 
discussed above, this is seen to be the order of 
half a wave-length. 

Which will be more effective, a distortion in 
the wall shape or an “equivalent” patch of 
absorbing material? For information on this we 
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Fic. 1. Coordinate system for trapezoidal shapes. 


compare Eqs. (3) and (4). Equation (4) is directly 
proportional to 1/K». On the other hand, Eq. (3) 
depends upon the rate of change of the normal 
derivative at the wall and therefore varies more 
rapidly with the frequency than 1/K,. We can 
therefore say that the mixing due to a distortion 
in a wall surface is more effective than that due 
to non-uniform absorption, for all modes except 
the lowest. In other words, a ‘‘bump” or “‘dent”’ 
has more diffusing effect than an absorbing 
patch of similar size. Potwin. and Maxfield? 
found it more difficult to obtain ‘‘pleasing re- 
sults” in a room with non-symmetrical arrange- 
ment of acoustical material only, than in a room 
with surface break-up. 

Further deductions may be made from Eq. (6) 
regarding effects of absorbing materials. If the 
impedance Z is real, which is approximately true 
for many materials at high frequencies,!* Ax, is 
a pure imaginary to second order. The only 
imaginary term in Eq. (6) is then A,» which 
gives the absorption of the original mode only. 
The second-order term is real leading to a fre- 
quency shift alone, and not to absorption. How- 
ever, if there are distortions of the wall surface 
present there will be absorption in the second 
order. This damping of modes scattered by the 
distortions increases the effective absorption 
coefficient of the material, particularly if the un- 
perturbed mode is of the “‘grazing’’ type." If the 
impedance is complex, which is the case for most 
materials at low frequencies,'* the second-order 
term will also have an imaginary term leading to 
additional absorption, even in the absence of 


*L. L. Beranek, J. Acous. Soc. Am. 12, 14 (1940). 
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shape distortions. These deductions suggest, in 
agreement with recent observations,’ that irregu- 
larities in room form combined with non-sym- 
metrical arrangement of material tends to in- 
crease the effectiveness of the absorbing material. 


APPLICATION TO TRAPEZOIDAL SHAPES 


The Formulas for Pressure Distribution and 
Normal Frequencies 


The unperturbed shape in this case is a rec- 
tangle of dimensions 2a and 26 (see Fig. 1). The 
normalized solutions and eigenvalues of Eq. (1) 
for this shape are: 

sin sin 
¢,=M, (n.x/2a)x (nyw/2b)y, 
cos cos 


(12) 
K,=(n,0/2a)?+(n,x/2b)? =4? v,?/c?, 


in which for odd n,, n,, sine functions are used; 
for even n,, ny, cosine functions are used. 





+ n 


- saa Bonz) (2 _— =] 


4ab 
where 
1 if n=0 
_. ase (13) 
0 if n+<0. 


The trapezoidal shape is shown in Fig. 1, with 
the unperturbed rectangle shown in dashed lines. 
The size of the perturbation is specified by the 
parameter a=tan 6. The angle 6 is zero for the 
rectangle. 

The next step is to give the values of X(x, y), 
Y(x, y), on the boundary of the figure. For the 
case of the trapezoid: 


X(a, y) = —ay, Y(a, y) =0, 
X(—a, y) =ay, Y(—a, y) =0, (14) 
X (x, b) = —(ba/a)x, Y(x, b)=0, 
Xt, Da tla/ek, YU, -Het 


Using Eqs. (11) one can find the derivatives of 
X, Y on the boundary. For example, in the case 
of the trapezoid : 


[aX (a, y)/dy]=—a=—[dY(a, y)/dx]. 


The trapezoid is the result of a deformation 
which is odd with respect to a reflection about 
the x axis and even with respect to a reflection 
about the y axis. Therefore only normal modes 
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MODE: (2,1) 'FREQUENCY'= 1721 C.P.S. | 


Fic. 2. Sound pressure contour plot reproduced from 
Fig. 17, reference 19. The sound source was at S. The levels 
are in db above an arbitrary reference. Sections taken at 
A, B, and Care re-plotted in Fig. 3 for theoretical correlation. 


having opposite symmetry in y and the same 
symmetry in x will interact; i.e., k, and m, are 
both odd or are both even, k, is odd when n, is 
even and vice versa. 

With these specifications the various integrals 
needed in formulas (2) to (6) can be evaluated: 


0 
(o¢n)—(e¢n)dS=0, 
on 


So 


(n- D)¢,H'¢,dS=0, 
So 
Aa.=0, B,,,=0, 
and 
Ain=4aM,,M;,(—)tretnutCy-ko -11/2 


b\? n,*(ky?+n,”) s,* 
| (-) ri A | (16) 
a (k,?—2,*)? k,?—n,? 


where k, and n, have opposite symmetry, k, and 
n, the same symmetry. 

Putting these values into Eqs. (2) and (5) we 
get the final explicit formulas for experimental 
correlation. The pressure distribution in the 
trapezoid for the mth perturbed mode of vibra- 


tion is: 
sin /M.7\ sin /nyr 
cos \ 2a cos \ 26 


MA, sin fkit\ sin /kyw 
ee ( )s (=), (17) 
k K,—K, cos \ 2a cos \ 2b 
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The corresponding perturbed normal frequency 
is: 


i c* ’ a 
r=| Oo) 16r' »» ae ° 


In these equations, NV, is a normalization con- 
stant, as in Eq. (2); M, is given by Eq. (13); 
A,» is given by Eq. (16); >>.’ means summation 
over all k except k=n; K,, is given in Eq. (12) 
and K;, is the same with m replaced by & through- 
out ; v,° is the nth unperturbed normal frequency, 
and »,° are the other unperturbed normal fre- 
quencies which contribute to the perturbation. 


(18) 


14 


Unperturbed 


Theoretical 
a * 
Ex perimental 


— ARBITRARY UNITS 


1 I 
SECTION B 
Theoretical 
Unperturbed 


SOUND PRESSURE 


ar 
yf 

Fic. 3. Correlation between experimental wave patterns, 
taken from Fig. 2, and theoretical wave patterns computed 
from perturbation theory. The abscissa gives y/b with the 
origin in the center as in Fig. 1, and the values y/b=+1 
lying along the top edge of the plot in Fig. 2. The corre- 
sponding wave shape in the unperturbed rectangle is shown 
for each section; in section B this would be a nodal line 
with zero value everywhere. 
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Experimental Correlation 


The perturbation equations for trapezoidal 
shapes have been correlated with experiment in 
three ways. First, wave functions have been com- 
puted by Eq. (17) and compared with previously 
reported'® sound pressure contour plots, as illus- 
trated in Figs. 2 and 3. In this case the shape 
change was small, so the perturbation theory 
should hold quite accurately. Next a direct 
application of Eq. (18) was made to normal 
frequency measurements in a small variable en- 
closure, for a number of small angle shifts from 
zero to 15°. Here again the theory should hold, 
but it was desired to obtain a detailed check of 
the parabolic dependence of frequency shift on 
wall angle shift, as predicted by Eq. (18) for 
small values of a. This is illustrated in Fig. 4. 
Finally, the range of validity of the perturbation 
theory for this case was investigated by measur- 
ing normal frequencies over a wide range of 
trapezoidal shapes. This will give an indication 
as to how ‘‘small’”’ a shape irregularity must be 
in order that the present theory, going only to 
the second-order approximation, will give a 
sufficiently accurate result. Figure 5 gives the 
results of this test. 

The experimental method!’ utilizes steady 
state sound measurements in small models. Since 


c. B.S. 


FREQUENCY SHIFT 


10 20 

WALL SHIFT ~— TANGENT © 

Fic. 4. Frequency shifts of four normal modes in 
trapezoidal enclosure with variable angle @, and constant 
plan area. Experimental points are marked by different 
symbols for each mode; dashed curves show best average 
fit for two of these modes. Corresponding theoretical curves 
are drawn in solid lines and are marked with the mode 
number designation, and the unperturbed normal fre- 
quency for zero wall shift. 


” R. H. Bolt, J. Acous. Soc. Am. 11, 184 (1939). 
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it was desired to study changes in shape alone 
the boundaries were made highly reflective, 
using brass plates. Restricting the investigation 
to two dimensions simplified both the measure- 
ments and the calculations, with no loss in 
generality. The models were 1.5 and 2 inches 
deep, with lateral dimensions from 7 to 10 
inches. Sound was generated by an oscillator 
driving a W. E. 555 speaker unit, coupled to the 
model by a small brass tube. For the contour 


FREQUENCY 


al . + 4 y ‘ 
WALL SHIFT — TANGENT 6. 
[2] [o\ £8\ BX 


Fic. 5. Frequency shifts of several normal modes in 
trapezoids varying from rectangle to triangle with constant 
plan area. See caption for Fig. 4. 


plotting, sound was detected by a small exploring 
tube connected to a dynamic microphone.’ For 
the frequency measurements a small crystal 
microphone (3-inch square bimorph element) was 
placed directly in the model. 

When making the frequency shift measure- 
ments the side walls were successively overlapped 
(see Fig. 1, reference 19), and the pair parallel 
to the x axis remained fixed during the experi- 
ment. The other two walls were shifted and 
clamped to form symmetrical trapezoids of 
various angles @, but all having the same area 4ab. 
For this condition the perturbation equations are 
simplified, since the terms representing change 
in area drop out. Thus the effect of shape change 
is isolated for specific study. 

One of the pressure contour plots given pre- 
viously (Fig. 17, reference 19) is reproduced in 
Fig. 2. To facilitate comparison with theory 
three cross sections are taken at A, B, and C, 
and plotted with pressure as a function of y in 
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Fig. 3. As shown in Fig. 1, the origin is taken 
in the center of the room and the y axis is per- 
pendicular to the fixed parallel walls. For each 
of the three sections plotted in Fig. 3 are given: 
(a) the unperturbed wave shape, (b) the theo- 
retical perturbed wave from Eq. (17), and (c) the 
experimental distribution from Fig. 2. In plotting 
these curves one arbitrary constant must be 
chosen, the normalization constant N, in Eq. 
(17); this also amounts to assigning an absolute 
sound pressure to the levels which, in Fig. 2 
were plotted relatively, in db above an arbitrary 
level. This constant was chosen to give the best 
average fit, and the same normalization was 
used for all three sections. 

In each case we see that the theoretical and 
the experimental perturbed curves follow each 
other closely, and that there is a marked differ- 
ence between these and the unperturbed wave. 
The only significant deviation between the ex- 
perimental and calculated curves is at the right 
end of Section A. Since the sound source is 
located here (see Fig. 2), an increased level due 
to direct sound is to be expected. The other 
deviations are within the range which might be 
expected from slight errors in the dimensions and 
angles of the models, from the accuracy limit in 
reading pressure levels, or from errors in graphical 
interpolation. 

The comparison of measured frequency shifts 
with those computed by Eq. (18) for small 
angle shifts is presented in Fig. 4. The ordinate 
gives the change in frequency from the unper- 
turbed value in the rectangle. The mode type 
and its unperturbed frequency are marked on 
each curve. The abscissa gives a=tan 6, and 
three values of 6, the wall shift angle, are indi- 
cated. The spread in the data is indicative of 
certain experimental difficulties. The wall dimen- 
sions were measured to 0.01 inch, but this 
corresponds to a frequency error of 0.5 percent in 
the absolute value. Also, very slight irregularities 
in the brass plates, and slight inequality in the 
angles @ could cause frequency errors of this 
magnitude. The oscillator was reliable to about 
0.25 percent over the period of the experiment. 
Since it is the change in frequency which is 
plotted in Fig. 4, the relative errors are much 
greater. Thus a frequency shift of 50 c.p.s. in a 
mode at about 1000 c.p.s. can be in error by as 
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much as 10 percent in its measurement. The data 
are seen to follow within experimental error the 
parabolic law of Eq. (18) to above 15° in two 
cases and to 8° or 10° in the other two cases. 

The test of the perturbation range of validity 
is illustrated in Fig. 5. Here the ordinate plots 
frequency, each of the normal modes being 
plotted at its own position in the frequency scale, 
The abscissa again gives a, which this time 
reaches a value of 0.9, at which the slanting 
walls meet forming an isosceles triangle of base 
4a and height 2. The seven modes follow theory 
to about 10°, five of them follow well to 15°, 
and two of them still agree closely at 25°, which 
is ‘‘half way to the triangle.’’ In terms of the 
perturbation parameter itself, values of a up to 
about 0.2 or 0.3 are handled adequately. 

Some qualitative features predicted by the 
perturbation theory appear in Fig. 5. Because of 
the properties of the resonance denominator 
(v,°)?— (v,°)?, the only modes which interact will 
be those which are relatively close on the fre- 
quency scale. When they do interact, the fre- 
quency of the mode with the larger frequency 
will be increased ; the frequency of the mode with 
the smaller frequency will be decreased. On Fig. 
5, it will appear as if the two modes “‘push”’ each 
other away. This behavior is illustrated by the 
pairs (2, 1), (2, 0); and (1, 0), (1, 1). Even if two 
modes are close on the frequency scale, they may 
not interact because of the symmetry restrictions. 
This is illustrated by modes (1, 0), (0, 1). Finally, 
it is of interest to note that modes, e.g., (0, 1) 
which vibrate between the walls which remain 
parallel are not perturbed very much. 


CONCLUSION 


The perturbation method is limited in applica- 
bility to one class of room shapes: those charac- 
terized by ‘“‘small’’ deviations from a_ basic, 
soluble shape. The theory has been verified ex- 
perimentally for one particular case. Before 
conclusions can be drawn regarding the general 
usefulness of this method for room acoustics, a 
number of practical cases must be worked out 
and applied. 

The perturbation theory does, however, ex- 
press certain general features of sound behavior 
in irregular rooms. 
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(1) Boundary irregularities produce interac- 
tions, and consequent spreading of energy, among 
modes of vibration, resulting in greater sound 
diffusion throughout the room. 

(2) Maximum interactions occur with irregu- 
larities of the order of a half wave-length in size. 

(3) For a given frequency and with similar 
sized irregularities, diffusion increases with room 
size. 

(4) The fewer shape symmetries a room pos- 
sesses, the greater will be the energy mixing and 
sound diffusion. 

(5) Irregularities in shape generally produce 
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greater diffusion than non-uniformities in distri- 
bution of sound absorbing material. 

(6) The combination of shape irregularities 
with absorbing material may in some cases yield 
a greater and more uniform sound absorption. 

In some instances these features have already 
been revealed by experiences in applied acoustics, 
but it is gratifying to see rules empirically de- 
duced from special cases now corroborated by a 
general theory. 

The authors are indebted to Professor P. M. 
Morse for his helpful comments, and for his 
interest in this work. 
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Y ‘small cavities,’’ as used in the present 
discussion, we shall mean apertured en- 
closures with volumes lying between 0.1226 and 
0.515 cubic inch (2.0 to 8.45 cc). The cavities 
studied were all one inch in diameter and of 
depths varying from #3 to $3 inches. The shape 
of the cavities is shown in Fig. 1. The purpose of 
the investigation was to determine the effect of 
each of the three variables—t hole depth, r hole 
radius, and V cavity volume—upon the acoustic 
pressures developed in the cavity as compared 
with the pressure developed by the same sound 
level at the face of an unapertured baffle under 
conditions which are otherwise identical. 

The procedure followed is indicated in Fig. 2. 
Sound of controllable frequency and level was 
supplied by an eight-inch cone loudspeaker 
mounted in a vertical angle of an absorbent-lined 


booth 4X6X7 feet. The speaker was driven by 
the amplified current from a_beat-frequency 
oscillator. 

The effect of the standing wave pattern within 
the booth was minimized by ‘‘warbling”’ the fre- 
quency at the rate of 5 per second over a 
frequency range of +20 cycles around the median 
frequency. A small baffle made of plaster of Paris, 
53” in diameter and 1” thick, was set up at a 
point on the axis of the speaker cone at a distance 
of 39 inches from the speaker. The microphone of 
a General Radio Sound Level Meter was perma- 
nently located at a point near the edge of the 
baffle and the reading of the sound level meter 
was taken as the fixed reference level of the sound 
for the varying conditions under which pressure 
measurements were made. 


BAFFLE 
DETAILS 


~_ CONDENSER 
MICROPHONE 


4 REFERENCE 
MICROPHONE 










SOURCE 
SPEAKER 





by 


cy 


in 
re- 


an 
‘is, 
ta 
ice 
of 
na- 
the 
ter 
ind 


ure 





ACOUSTIC PROPERTIES OF SMALL CAVITIES 75 


A block diagram of the electrical circuit for 
comparing the pressure levels set up at the face of 
the baffle, with those set up within the various 
cavities, is shown in Fig. 3. The procedure of 
measurement was as follows: With the face of the 
condenser microphone set flush with the surface 
of the baffle, the output of the loudspeaker was 
set to produce a chosen reference sound level, as 
shown by the sound level meter, at each of the 
various frequencies. The attenuation in the out- 
put of the pre-amplifier of the condenser micro- 
phone was adjusted so that the rectified current 
from the final amplifier gave a convenient reading 
of the microammeter. A value for this reading 
was chosen so as to be well above the reading due 
to the noise level in the system when the signal 
was not on. The usual precautions were taken to 
avoid overload in any part of the measuring 
equipment. A similar baffle apertured and with 
the diaphragm of the condenser microphone 
forming the back wall of the cavity in which the 
pressure measurements were to be made was then 
substituted. The difference in decibels, between 
the attenuator settings in the two cases, gives the 
difference between pressure level at the unbroken 
baffle face and that in the cavity. All results re- 
ported herein apply to hard walled cavities. 
Attempts at similar measurements in sound 
absorbent walled cavities have thus far proved 
disappointing. The dimensions of the various 
cavities in which pressure measurements were 
made are given in Table I. 

Two series of measurements were made. In the 
first, the hole radius was kept constant, and the 
cavity volume and hole depth were given the four 
values shown in Table I. In the second series, the 
hole depth was constant and cavity volume and 
hole radius were varied. This gives eight families 
of curves of four each, with four of the curves 
common to the two series. Three typical families 
of curves are shown in Figs. 4, 5, and 6, re- 











TABLE I. 
Cavity Hole 
Diam. Depth Vol. Depth (¢) Radius (r) 
1 in. 0.156 in. 0.1226 0.375 in. 0.094 in. 
1 in. .281 in. .2207 .500 in. -125 in. 
1 in. 406 in. .319 .688 in. .136 in. 
1 in. .656 in. 517 1.125 in. -1875 in. 
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spectively. In Fig. 4, the effect of varying the 
cavity volume for fixed values of hole depth and 
radius is shown. Figure 5 is typical of the effect of 
varying hole depth for constant cavity volume 
and hole radius, while Fig. 6 shows the effect of 
varying the hole radius. The ordinates in these 
curves are the increase in sound pressure levels in 
the cavities over that set up at the face of the 
unperforated baffle. The resonance characteristic 
of these curves is obvious. In each case, the peak 
frequency was determined, as nearly as possible 
under the conditions of the experiment, by 
varying the frequency around the indicated peak 
frequency and reading the oscillator setting for 
maximum response as shown on the output meter 
of the final amplifier. Precise locations of peak 
frequency by this method were uncertain in some 
cases, since the output of the speaker source was 
known to vary rapidly with frequency change. 

Inspection of these and the other curves taken 
gives a fairly consistent picture of the pressure 
variation in small cavities as influenced by the 
three factors cited, and warrants the following 
general statements: 

(a) Cavities of the order of magnitude here 
considered show marked resonance character- 
istics, with pressure level amplifications at reso- 
nance as great as 20 decibels. 

(b) For frequencies well below resonance, pres- 
sures within the cavity do not differ markedly 
from those at the face of the unperforated baffle. 

(c) For frequencies well above resonance, there 
is a marked pressure attenuation within the 
cavity. 

(d) The resonant frequency decreases with 
increasing cavity volume and increasing hole 
depth, and increases with increasing hole 
diameter. 

In Figs. 7, 8, and 9, the measured frequencies 
for peak response of cavities are plotted as 
functions of each of the three variables, V, ¢, and 
r. We note that this frequency varies linearly 
with 1/./V, inversely with the \/#, and almost 
linearly with r. The equation for the solid line in 
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each of these graphs is 


r 1 3 
fim =4000-——_(——_) : 
/V\t+1.7r 


where all dimensions are expressed in inches. 

The form of the above is the familiar formula 
for the Helmholtz resonator. Morse! gives the 
theoretically derived equation 


rXc 3 , 
Fixes) _ —| —| ’ 
2 L(3at+16) V. 


1 Morse, Vibration and Sound (McGraw-Hill, 1936), p 
262, 











which when expressed in inches reduces to 
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Study of the data for all of the measurements 
shows that a value of 3900 instead of 4000 for the 
constant gives, in general, a closer agreement 
between measured and computed values. In 
Table II, the comparison is shown between the 
measured and computed values, using this value, 
3900, for the constant. 

Except for the smallest values of cavity volume, 
the agreement is reasonably good, considering the 


















nts 
the 
lent 
In 
the 
lue, 


me, 
the 





ACOUSTIC 





PROPERTIES OF SMALL CAVITIES 








Errecr of Horé DIAMETER 
CAVITY VOLUME .S15 CU.IN. 
HOLE DEPTH 1 IN. 





—- rio94 ~s-> Peaisé 


—— F 20.125 





Fic. 6. 


degree of precision attainable under the experi- 
mental conditions. The lack of agreement in the 
data for the smallest cavities volume can be 
ascribed largely to inability to make precise 
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measurements of the cavity volume, which is the 
least accurate factor. This is further complicated 
by the fact that, with the small cavity volume, 
the resonance response tended to be less definite. 
We may note one or two facts brought out by 
the present investigation that may be of signifi- 
cance in other fields of acoustics. The compara- 
tively large pressure amplification at resonance 
and the equally large attenuation at high fre- 
quencies, coupled with the fact of decreasing 
resonance frequency with increasing hole depth, 
throws some light on the sound absorption 
characteristics of perforated absorbent materials. 
As is well known, the peak of absorption shown 
by such materials shifts to lower frequency with a 
marked falling off at the higher frequencies as the 
thickness and the corresponding hole depth 
increase. In fact, the cavity data throw consider- 
able light on the mechanics of absorption by 
commercial absorbents of this type. The com- 
pliance of the air enclosed in the cavity bears a 
fairly close analogy to the resistive compliance of 
the walls of the holes in perforated fiber tiles. 
In an entirely different field, the investigation 
throws some light on the difference noted by 
Sivian and White? between the minimum audible 
field and the minimum audible pressure. Their 
findings indicate that the latter are from 5 to 12 
decibels higher than the former, with a maximum 


2 L. J. Sivian and S. D. White, J. Acous. Soc. Am. 4, 28 
(1933). 
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difference in the frequency range between 2000 
and 4000 cycles. The cavity response of the 
external ear, terminated by the compliance of the 
drum membrane and the attached ossicles, would 
seem to be quite similar to that of the apertures 
of the present study terminated by the com- 
pliance of the cavities. An important difference 
lies in the fact that there is no resistance com- 
ponent in the acoustical impedance of the cavi- 
ties, whereas in the case of the ear this component 
must, in the nature of things, be an important 
factor in the drum response. The fact, however, 
that there is little attenuation of pressure even at 
256 cycles throws little light on the difficulty 
which Sivian and White point out in explaining 
the fact that the difference between ‘‘M. A. F.” 
and “‘M. A. P.”’ exists for low frequencies. In the 
light of the present results, it is not inconceivable 
that individual differences in the dimensions of 
the external ear cavity account for some of the 
individual differences in auditory threshold of 
normal hearing persons. 

In fact, the present investigation grew out of 
an attempt to make quantitative objective evalu- 
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V =0.1226 V =0.2207 V =0.517 

cu. in, cu. in, cu. in. cu. in, 

t f (res) S (res) f (res) I (res) 
Comp. Meas. Comp. Meas. Comp. Meas. Comp. Meas, 
0.375 1434 1200 1070 1024 880 970 700 = 765 
.500 1290 1140 963 950 795 800 630 650 
.688 1143 1090 850 865 700 750 555 570 
1.125 926 1000 690 630 565 525 452 435 

t=}=0.5" 

V =0.1226 V =0.2207 V =0.319 V =0.517 

cu. in. cu. in. cu. in. cu. in, 

r f(res) f (res) f(res) f (res) 
Comp. Meas. Comp. Meas. Comp. Meas. Comp. Meas, 
0.094 1290 1140 963 950 795 800 630 650 
125 1650 1460 1225 1200 1010 1024 810 865 
156 1980 1890 1480 1540 1220 1330 970 995 
.188 2300 2048 1720 1765 1405 a 1120 1150 

f(res) = 3900 FF a | 


(t+1.7r) V 
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ations of the performance of hearing aids. In 
these measurements, the ratio of the pressure 
level at the hearing aid microphone worn on a 
“dummy” was compared with the pressure level 
set up at the diaphragm of a condenser micro- 
phone terminating the artificial ear mounted in 
the head of the dummy, in which a coupler of 2 
cm* was employed. A very marked difference 
in results following even slight changes in the 
coupler dimensions suggested a more thorough- 
going investigation of coupler effects on the 
results of such measurements. The further 
carrying on of the measurement of hearing aid 
performance is in progress as time permits. 

It is a pleasure to recognize the valuable help 
of Mr. Robert S. Kerfoot in taking care of the 
details of the electrical equipment for this work, 
and in making many of the measurements. 
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INTRODUCTION 


OUDSPEAKER response measuring meth- 
ods may be classified as follows with respect 
to the frequency spectrum of the electrical input: 


(1) Single frequency, 
(2) Warbled frequency, 
(3) Continuous frequency spectrum. 


The first two are well known and are in common 
use. The third, however, does not appear to 
have been widely adopted, if one may judge by 
the scarcity of references thereto in the literature 
since the first publication during 1938 of three 
papers'~* dealing with this method. 

The continuous frequency spectrum input is 
usually secured by amplifying the random noise 
occurring in either a saturated diode or in a gas 
tube. Two different methods of loudspeaker 
measurement utilizing this type of input signal 
have been reported. In the one,’ frequency bands 
of the noise, each one-third octave wide, were 
selected by means of filters and applied to the 
loudspeaker input, the acoustic output being 
indicated by a microphone and a linear rectifier 
meter. In the other method'* the input band 
width was made equal to or greater than that 
reproduced by the loudspeaker, and the micro- 
phone output was examined with a heterodyne 
wave analyzer, which was equivalent to passing 
this output through a traveling band pass filter 
of constant frequency width. This has been 
called the noise analysis method. Common to 
both methods was the necessity for employing 
an averaging type of output indicator on account 
of the fluctuating amplitudes of the individual 
noise components, as well as the practice of 
designating the output in a given frequency 
band as corresponding to the mid-frequency of 
that band. 

One of the principal advantages claimed for 
the noise analysis method is the virtual elimina- 


'F. H. Brittain and E. Williams, W. Eng. 15, 16 (1938). 
*H. G. Freygang, Akustiche Zeits. 3, 80 (1938). 
*L. B. Hallman, Jr., Electronics 11, 22 (1938). 
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tion of standing wave effects. Brittain and 
Williams state'—“‘it enables response curves to 
be obtained in almost any surroundings whilst 
preserving the full detail in the loudspeaker 
response curve, which normally is masked by 
the devices employed to remove the irregularities 
due to room effects.’’ Hallman states*—‘‘Errors 
due to the presence of standing waves are 
obliterated since the energy measured is that 
contained in a continuous-frequency band of 
finite width and not that contained in any 
single-frequency component.” It was these 
claims which prompted us to undertake the 
experiments with the noise analysis method 
here reported. 


APPARATUS AND PROCEDURE 
Noise Source 


The noise generator consisted of a }-watt neon 
lamp supplied with d.c. potential through a 
high resistance and followed by suitable amplifi- 
cation. The frequency distribution characteristic 
at the final output, measured across a resistance 
equal to the nominal impedance of the loud- 
speaker to be used, is shown in Fig. 1. The 
analyzer and recorder were those described 
below, the minimum band width of the analyzer 
being employed. 


Analyzer 


A Hewlett-Packard Model 300-A wave ana- 
lyzer was used. This instrument is of the hetero- 
dyne type developing a difference frequency of 
20 ke and has an adjustable band width. Its 
measured maximum and minimum selectivity 
curves are shown in Fig. 2. 


Recorder 


As it was desired to avoid the uncertainties 
attending point-by-point measurements of char- 
acteristics which might display sharp irregu- 
larities, an automatic inking recorder was used. 
This device drew continuous curves on standard 
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Fic. 1. Output of noise generator into a resistance 


semi-logarithmic paper in decibel ordinates 
corresponding to pressure at the measuring 
microphone. In the normal use of the recorder 
in conventional loudspeaker measurements, the 
graph paper was carried on a flat platen which 
was motor driven along the frequency axis in 
step with the oscillator supplying the loud- 
speaker. Since considerable difficulty would have 
been involved in adapting the recorder to drive 
the analyzer frequency dial, both the dial and 
the graph platen were manually operated in 
these experiments. 

The pen drive circuit was controlled by the 
amplitude of the 20 kc-output of the analyzer. 
The averaging characteristic of the recorder was 
a function of the properties of the motor- 
actuated pen drive and its associated electrical 
circuits, and could be adjusted over a consider- 
able range. 


Procedure 


The noise analysis measurement was carried 
out by two operators, one of whom turned a 
crank which drove the graph platen through a 
speed reduction device, meanwhile calling off 
the frequencies sufficiently often to enable the 
second operator to keep the frequency dial of 
the analyzer ‘‘tracked”’ with the graph paper. 
After a little practice it was found that this 
could be done with sufficient accuracy for our 
purposes. 

Certain precautions had to be observed in 
order to obtain accurate records. For one thing, 
it was necessary to scan the noise spectrum very 
slowly to insure full response of the analyzer 
selective circuits and the pen drive mechanism. 
The fluctuating nature of the energy in a 
selected noise band, together with its require- 
ment of a slow pen speed for satisfactory aver- 
aging, resulted in an appreciable time being 
required for the pen to ‘build up” to its full 





narrow band analyzer. 


deflection. About 30 minutes per run was the 
time found necessary to insure that all peaks 
were accurately recorded. 

Another source of inaccuracy to be guarded 
against was overloading of the analyzer vacuum 
tubes on the noise peaks, which latter were 
oscilloscopically observed to reach a level about 
12 db above the average noise reading on an 
electronic voltmeter calibrated in terms of the 
r.m.s. value of a sinusoidal wave. The linear 
input-output range of the over-all system was 
experimentally determined using the noise input, 
and the response measurement levels were kept 
safely below the established overload limit. 


Loudspeaker and Microphone 


An 8” diameter, direct 
radiator loudspeaker with a voice coil and a 
leather surround was the subject of most of the 
measurements. The back of the cone was 
completely enclosed by a heavy wooden box 
30’ 30” X15” lined with absorbing material. 
The measuring microphone was of the Western 
Electric miniature condenser type. 
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Fic. 3. A—free space, slowly changing frequency, 3 ft. on axis; B—listening 
room, noise analysis, narrow band, 4.5 ft. on axis; C—listening room, slowly 


changing frequency, 4.5 ft. on axis. 


RESULTS OF MEASUREMENTS 


Comparison of Single Frequency and Noise 
Analysis Methods (Fig. 3) 


The curves of Fig. 3 are of the loudspeaker 
previously described, as measured under different 
conditions. Curve A is the axial response 
measured out of doors under conditions which 
eliminated reflection errors. The conventional 
measuring method was used in which the 
frequency dial of the oscillator was motor driven 
over the range 30 to 10,000 cycles in about 3 
minutes. This curve may be considered as the 
true axial response of the loudspeaker under 
free-space, steady-state conditions. 

Curves B and C were made in a room 25’ X15’ 
X10’ in size, which has been found very suitable 
for listening tests. The calculated reverberation 
time was 0.8 second, the absorption being 
supplied by a carpeted floor and by scattered 
areas of 2’’ rockwool on the walls. The loud- 
speaker was located at the center of one of the 
end walls and the microphone was 4.5’ distant 
on the axis. 

Curve B was made by the noise analysis 
method, using the narrow-band analyzer adjust- 
ment of Fig. 2-A. The rise below 45 cycles is a 
spurious effect due to transmission of the 
analyzer local oscillator output through residual 
unbalances in the modulator as the frequency of 
the oscillator approaches that of the analyzer 
tuned circuits. This effect was aggravated by 
the high gain it was found necessary to use in 
and following the analyzer, and will be found in 


all the noise analysis curves shown in this paper. 

It should also be explained that the positions 
of the curves on the ordinate scale in this and 
other figures are not indicative of relative 
response levels. In transferring the curves from 
the original sheets they were positioned so as 
best to facilitate comparison. 

Curve C was made by the conventional 
method, the measuring speed being made 
sufficiently slow (14 minutes for the run) to 
record practically all of the pressure variations. 
Most of the normal modes of the room permitted 
by the loudspeaker and microphone location can 
be identified up to the point where the peaks 
begin to coalesce. 

It will be seen that, in general, curve B is 
sufficiently similar to curve C and unlike curve A 
to indicate that the principal irregularities in B 
are due to room effects and not to the loud- 
speaker. In the region above 1000 cycles, B 
begins to approach A as the directivity of the 
loudspeaker increases, causing a corresponding 
increase in the ratio of direct to reflected sound 
at the microphone. The normal mode peaks also 
become crowded closely together in this region 
permitting them to be more readily averaged by 
the analyzer and recorder, and their amplitudes 
are also reduced due to the increase in room 
absorption with frequency. 


Broad Band Measurements and Comparison 
with Warble Tone (Fig. 4) 


Trial measurements by the noise analysis 
method were made with various settings of 
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Fic. 4. A—listening room, noise analysis, broad band, 4.5 ft. on axis; B—listening 
room, warble tone, 4.5 ft. on axis. 


analyzer band width and it was found necessary 
to use the broadest band available (Fig. 2-B) in 
order to avoid recording the room peaks at low 
frequencies. Curve 4-A shows the result of the 
broad band measurement, all other conditions 
being the same as for the curve of Fig. 3-B. 
It will be observed that, due to the increase in 
percentage band width with decreasing frequency, 
room effects are still in evidence at frequencies 
as low as 300 cycles. 

It was felt desirable to compare the noise 
analysis method with the more conventional 
warble tone method. Figure 4-B gives the result 
of a measurement using the latter method. The 
loudspeaker and room conditions were the same 
as in the previous indoor measurements, the 
frequency being varied +5 percent+10 cycles, 
at the rate of 5 cycles per second. The recorder 
pen speed was adjusted so that it would just fail 
to respond to the latter frequency. It will be 
seen that curves 4-A and 4-B are quite similar 
except at the extreme ends. The cause of the 
spurious response at the low end of curve A 
has already been mentioned. The more rapid 
dropping off of curve A at the high end has been 
observed by Brittain and Williams! and has not 
been satisfactorily explained. Comparison with 
the free-space curve of Fig. 3-A indicates that 
the warble tone method yields results in this 
case which approach more closely the true 
response of the loudspeaker. 


Measurements on a Loudspeaker Having a 
Sharp Irregularity (Fig. 5) 


In the consideration of time-averaging methods 
for reducing room effects, it is pertinent to 





question the smoothing effect of such artifices on 
irregularities existing in the response of the 
loudspeaker itself. In order to investigate this 
point a loudspeaker was constructed whose 
response had an irregularity in the 180-cycle 
region similar in amplitude and sharpness to 
those caused by the normal modes of the 
previously described room. Figure 5-A shows the 
close-up axial response below 1000 cycles of this 
loudspeaker mounted in the same box baffle as 
was the normal loudspeaker used in previous 
tests. The measurement was made by the 
conventional slowly changing frequency method.* 
Curve B is the response measured at 4.5’ 
distance in the listening room, employing the 
wide-band noise analysis method. Curve C 
shows the results obtained by the warble tone 
method under the same acoustic conditions. 
It is apparent that the latter two methods, 
while fairly successful in smoothing out the room 
peaks, do at the same time entirely ignore the 
abrupt irregularity in the 180-cycle region known 
to reside in the loudspeaker. . 


FURTHER EXPERIMENTS 


It was found that under close-up or free-space 
conditions yielding a fairly smooth response, 
the narrow-band noise analysis curves were in 
close agreement with those obtained by the 
conventional method. Furthermore, the curve 
of Fig. 3-B could be closely duplicated (except 
below 60 cycles) by the conventional method if 


* It was ascertained from measurements on the normal 
loudspeaker of Fig. 3-A that such close-up measurements 
made in a damped room on this effectively single source 
gave results essentially identical with the free-space 
response. 
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the recorder pen speed was made suitably 
slower than that employed in making curve 3-C. 

It was known that certain of the coarser 
irregularities in the listening room curves were 
due to interference between the direct and 
reflected sound at the microphone, as distinct 
from those peaks due purely to normal mode 
vibrations. Since in general the latter occur 
closer together in the frequency range than do the 
former, it appeared reasonable to suppose that 
they might be better averaged by the noise 
analysis method and that such an average might 
be a close approach to the true response. To 
check this, the loudspeaker-microphone separa- 
tion in the listening room was lengthened to 12’ 
in order to increase the discrimination against 
the direct sound, and the noise analysis measure- 
ments were then repeated. The narrow-band 
tests showed variations of 20 db in regions where 
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Fic. 5. A—damped room, 1 ft. on axis, slowly changing 
frequency ; B—listening room, 4.5 ft. on axis, noise analysis, 
broad band ; C—listening room, 4.5 ft. on axis, warble tone. 


the free-space response was flat, while wide- 
band measurements exhibited 10-db variations 
in the same regions. 

The curves shown herewith represent only a 
few of the measurements made during this 
investigation. It was found, after the causes of 
several inaccuracies were traced down and 
removed, that the noise analysis curves could 
be almost exactly duplicated at different times. 
The measurements, however, were tedious and 
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difficult to make and, even with fully automatic 
recording, they appear to require more time than 
other methods yielding comparable results. 


CONCLUSIONS 


It appears from the results of the work here 
reported that the noise analysis method does 
not possess any unique advantage over other 
time-averaging artifices aimed at discrimination 
against room effects. We find ourselves in 
disagreement with the conclusions of the previous 
investigators, quoted in the introduction to this 
paper, wherein it is claimed that the noise 
analysis method ignores standing wave effects 
and permits the true response of a loudspeaker 
to be obtained in reflective surroundings. We 
find that when the analyzer band is made 
sufficiently wide to eliminate standing wave 
effects the system is no longer capable of reveal- 
ing sharp irregularities in the loudspeaker 
response. The warble tone method is found much 
easier to practice and it yields comparable 
results. 

Although we shall not undertake to explain 
the results and conclusions of Brittain and 
Williams and of Hallman, the following observa- 
tions upon their reports may be made: 

1. In both of the above papers, the majority 
of the response curves taken in live rooms 
exhibit sharp irregularities of the order of 10 db 
in the region where the true response of most 
commercial direct-radiator loudspeakers is flat. 

2. Conventional and noise analysis methods 
gave closely similar results in damped rooms. 

3. No free-space curves were offered for 
comparison. 

4. Hallman describes his wave analyzer as 
having a two-stage crystal filter. Its selectivity, 
therefore, probably was comparable with the 
maximum selectivity of the analyzer used in © 
obtaining the data for the present paper and, | 
according to our findings, such an instrument 
should resolve many of the standing wave peaks 
in a live room. Brittain and Williams do not 
state specifically the selectivity of their wave 
analyzer. 
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FOREWORD organizations represented on this committee 


HIS American Standard Acoustical Termi- ave been made since 1932. Also, in May, 1942, 
nology—Z24.1-1942 comprises a part of a the scope of the work was extended to include 
group of definitions, standards, and specifications Vibration. 
for use in acoustical work. Various subcommittees have been organized 
In May, 1932, following a proposal of the to take care of the committee’s program, 
Acoustical Society of America, the American They are: 
Standards Association initiated a standardization 
project on Acoustical Measurement and Termi- Acoustical Terminology 
nology under the sponsorship of the Acoustical meer ean dice alimony 


‘ 7 ; Fundamental Acoustical Measurements 
Society of America, and with the following Nites Minssesenent 


scope: Sound Absorption and Sound Insulation Measurements 


: Sound Levels and Sound Level Meters 
Preparation of standards of terminology, units, scales, 


and methods of measurement in the field of acoustics. a P 
The organizations represented on the sectional 


A committee in charge of the work was organized, committee responsible for these standards, 
and its first meeting was held in May, 1932. Nu- together with their representatives, are as 
merous changes in both the personnel and the _ follows: 
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The standard contained in this publication 
comprises revisions of a standard which was 
approved by the ASA as American Tentative 
Standard in February, 1936. 

The subcommittees responsible for this stand- 
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1. GENERAL DEFINITIONS 
1.1 Sound 


(a) Sound is an alteration in pressure, particle 
displacement, or particle velocity propagated in 
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an elastic material or the superposition of such 
propagated alterations. 

(6) Sound is also the sensation produced 
through the ear by the alterations described 
above. 


Norte: In case of possible confusion the term ‘Sound 
wave”’ may be used for concept (a), and the term “Sound 
sensation” for concept (d). 


1.2 Pure Tone (Simple Tone) 


A pure tone is a sound produced by an 
instantaneous sound pressure which is a simple 
sinusoidal function of the time. 


1.3 Periodic Quantity (Harmonic Quantity*) 
(American Standard Definitions of Electrical 
Terms—C42-1941 :05.05.170). 


A periodic quantity is an oscillating quantity 
the values of which recur for equal increments of 
the independent variable. If a periodic quantity 


y is a function of x, then y has the property 


that y=f(x)=f(x+T), where JT, a constant, is 
* Deprecated. 
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a period of y. The smallest positive value of T 
is the primitive period of y, generally called 
simply the period of y. 

In general a periodic function can be expanded 
into a series of that form. 


y=f(x)=Ao+A1 sin (wx+a;) 
+Aesin (2wx+a2)+---, 


where w, a positive constant, equals 27 divided 
by the period 7, and the A’s and a’s are con- 
stants which may be positive, negative, or zero. 
This is called a Fourier series. 


1.4 Cycle (~) 


One complete set of the recurrent values of a 
periodic quantity comprises a cycle. 


1.5 Period (7) 


The time required for one cycle of a periodic 
quantity is the period. The unit is the second. 


1.6 Frequency (f) 


The number of cycles occurring per unit of 
time, or which would occur per unit of time if 
all subsequent cycles were identical with the 
cycle under consideration, is the frequency. The 
frequency is the reciprocal of the period. The 
unit is the cycle per second. 


Note: It is recommended that the following terms be 
discontinued: double vibrations (dv), periods per second 
(pps), and Hertz, all these being equivalent to cycles per 
second; and vibrations per second (vs) which has usually 
been used as the equivalent of half-cycles per second. 


1.7 Octave 


An octave is the interval between two fre- 
quencies having a ratio of two to one. One 
octave is equal to 1200 cents. (See 6.10 and 6.12.) 


1.8 Fundamental Frequency 
(American Standard Definitions of Electrical 
Terms—C42-1941 :65.10.025) 


A fundamental frequency is the lowest compo- 
nent frequency of a periodic quantity. 


1.9 Harmonic 
(American Standard Definitions of Electrical 
Terms—C42-1941 :65.10.030) 


A harmonic is a component of a periodic 
quantity which is an integral multiple of the 


fundamental frequency. For example, a compo. 
nent the frequency of which is twice the funda. 
mental frequency is called the second harmonic. 


1.10 Basic Frequency 


The basic frequency of any wave is that 
frequency which is considered to be the most 
important. In a driven system it would jn 
general be the driving frequency while in most 
periodic waves it would correspond to the 
fundamental frequency. 


1.11 Partial 


A partial is a component of a complex tone, 
Its frequency may be either higher or lower 
than that of the basic frequency and may or 
may not bear an integral relation to the basic 
frequency. 


1.12 Overtone 


An overtone is a partial having a frequency 
higher than that of the basic frequency. 


1.13 Subharmonic 


A subharmonic is a component of a complex 
wave having a frequency which is an integral 
submultiple of the basic frequency. 


Note: The term subharmonic is generally applied in 
the case of a driven system whose vibration has frequency 
components of lower frequency than the driving frequency. 


1.14 Wavelength (2) 


The wavelength of a periodic wave in an 
isotropic medium is the perpendicular distance 
between two wave fronts in which the displace- 
ments have a phase difference of one complete 
cycle. 


1.15 Diffuse Sound 


Sound is said to be in a perfectly diffuse state 
when in the region considered, the energy density, 
averaged over portions of the region large 
compared to the wavelength, is uniform and 
when all directions of energy flux at all parts of 
the region are equally probable. 


1.16 Particle Velocity 


The particle velocity in a sound wave is the 
instantaneous velocity of a given infinitesimal 
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part of the medium, with reference to the 
medium as a whole, due to the passage of the 
sound wave. 


1.17 Bel (6) 
(American Standard Definitions of Electrical 
Terms—C42-1941 :65.11.005) 


The bel is the fundamental division of a 
logarithmic scale for expressing the ratio of two 
amounts of power, the number of bels denoting 
such a ratio being the logarithm to the base ten 
of this ratio. 


Note: With P; and P: designating two amounts of 
power and NV the number of bels denoting the ratio P;/P2: 


N=logio (P;/P2) bels. 


1.18 Decibel (db) 
(American Standard Definitions of Electrical 
Terms—C42-1941 :65.11.010) 


The decibel is one-tenth of a bel, the number 
of decibels denoting the ratio of two amounts of 
power being 10 times the logarithm to the base 
10 of this ratio. The abbreviation db is commonly 
used for the term decibel. 


Note: With P; and P, designating two amounts of 
power and the number of decibels denoting their ratio: 


n= 10 logio (P;/P2) dh. 


When the conditions are such that ratios of 
currents or ratios of voltages (or analogous 
quantities in other fields such as pressures, 
amplitudes, particle velocities in sound) are the 
square roots of the corresponding power ratios, 
the number of decibels by which the corre- 
sponding powers differ is expressed by the 
following formulae 


n= 20 log 10 (11/2) db 
n= 20 log 10 (V;/ V2) db 


where [;/Jz and V;/V2 are the given current 
and voltage ratios, respectively. 

By extension, these relations between numbers 
of decibels and ratios of currents or voltages are 
sometimes applied where these ratios are not 
the square roots of the corresponding power 
ratios; to avoid confusion, such usage should be 
accompanied by a specific statement of this 
application. 





1.19 Dyne Per Square Centimeter 
(Microbar) (Barye) 


(Bar*) 


A dyne per square centimeter is the unit of 
sound pressure. 

Note: The term “bar’’ was originally applied to a 
pressure of 10° dynes per square centimeter, and in all 
other fields except acoustics it is used with this meaning. 
Unfortunately in acoustics it was used to mean one dyne 
per square centimeter. It is suggested that in speaking 
of sound pressures the more fundamental term ‘“dyne 
per square centimeter” be used. 


1.20 Static Pressure (P») 


The static pressure is the pressure that would 
exist in the medium with no sound waves present. 
The unit is the dyne per square centimeter. 


1.21 Instantaneous Sound Pressure () 


The instantaneous sound pressure at a point 
is the total instantaneous pressure at that point 
minus the static pressure. The unit is the dyne 
per square centimeter. 


Note: This is often called excess pressure. 


1.22 Effective Sound Pressure (P) 


The effective sound pressure at a point is the 
root mean square value of the instantaneous 
sound pressure over a complete cycle, at that 
point. The unit is the dyne per square centimeter. 


Norte: The term “effective sound pressure”’ is frequently 
shortened to ‘‘sound pressure.” 


1.23 Maximum Sound Pressure (P,,) 


The maximum sound pressure for any given 
cycle is the maximum absolute value of the 
instantaneous sound pressure during that cycle. 
The unit is the dyne per square centimeter. 

Note: In the case of a sinusoidal sound wave this 
maximum sound pressure is also called the pressure 
amplitude. 


1.24 Peak Sound Pressure 


The peak sound pressure for any specified 
time interval is the maximum absolute value of 
the instantaneous sound pressure in that interval. 
The unit is the dyne per square centimeter. 


* Deprecated. 


1.25 Sound Energy Flux (J) 


The sound energy flux is the average over one 
period of the rate of flow of sound energy 
through any specified area. The unit is the erg 
per second. 


Note: In a gas of density p, for a plane or spherical 
free wave having a velocity of propagation c, the sound 
energy flux through the area a (square centimeters) corre- 
sponding to an effective sound pressure P is 


Pa 
J= — cos 6 ergs per second 
pc 


where @ is the angle between the direction of propagation 
of the sound and the normal to the area a. 


1.26 Pressure Level* 


The pressure level, in decibels, of a sound is 
twenty times the logarithm to the base ten of 
the ratio of the pressure P of this sound to the 
reference pressure Po. Unless otherwise specified, 
the reference pressure is understood to be 0.0002 
dyne per square centimeter. Pressure level may 
also be expressed in bels. 


Note: It is to be noted that in many sound fields the 
sound pressure ratios are not proportional to the square 
root of corresponding power ratios and hence cannot be 
expressed in decibels in the strict sense; however, it is 
common practice to extend the use of the decibel to these 
cases. See 1.17 and 1.18. 


1.27 Velocity Level* 


The velocity level, in decibels, of a sound is 
twenty times the logarithm to the base ten of 
the ratio of the particle velocity of the sound to 
the reference particle velocity. Unless otherwise 
specified the reference particle velocity is under- 
stood to be 5 times 10-® centimeter per second 
effective value. Velocity level may also be 
expressed in bels. 


Norte: It is to be noted that in many sound fields the 
particle velocity ratios are not proportional to the square 
root of corresponding power ratios and hence cannot be 
expressed in decibels in the strict sense; however, it is 
common practice to extend the use of the decibel to these 
cases. See 1.17 and 1.18. 


* In discussing sound measurements made with pressure 
or velocity microphones, especially in enclosures involving 
normal modes of vibration or in sound fields containing 
standing waves, caution must be observed in using the 
terms “Intensity” and “Intensity Level.’’ Under such con- 
ditions it is more desirable to use the terms ‘‘Pressure 
Level” or “Velocity Level” since the relationship between 
the intensity and the pressure or velocity is generally 
unknown. 





88 AMERICAN STANDARD ACOUSTICAL TERMINOLOGY 


1.28 Sound Energy Density (E) 


Sound energy density is the sound energy per 
unit volume. The unit is the erg per cubic 
centimeter. 


1.29 Sound Intensity* (J) (Sound Energy Fiyx 
Density) (Flux Density) 


The sound intensity of a sound field in a 
specified direction at a point is the sound energy 
transmitted per unit of time in the specified 
direction through a unit area normal to this 
direction at the point. The unit is the erg per 
second per square centimeter but sound intensity 
may also be expressed in watts per square centi- 
meter. 


Norte (a): The sound intensity in any specified direction 


I + i d 
a= — Jat 
a 


a’”’ is given by 
where T is the period, p the instantaneous sound pressure 
and v is the component of the instantaneous particle 
velocity in the direction ‘‘a.”’ 

Norte (b): In the case of a plane or spherical free wave 
having the effective sound pressure P dynes per square 
centimeter, the velocity of propagation c (centimeters per 
second) in a medium of density p (grams per cubic centi- 
meter), the intensity in the direction of propagation is 
given by 


ie , 
I= — (ergs per second per square centimeter). 
pc 


This same relation can often be used in practice with 
sufficient accuracy to calculate the intensity at a point 
near the source with only a pressure measurement. In 
more complicated sound fields the results given by this 
relation may differ greatly from the actual intensity. 


1.30 Intensity Level* (J,) (Sound Energy Flux 
Density Level) 


The intensity level, in decibels, of a sound is 
ten times the logarithm to the base ten of the 
ratio of the intensity J of this sound, to the 
reference intensity J. Unless otherwise specified 
the reference intensity Jo shall be 10—'® watt per 
square centimeter. Intensity level may also be 
expressed in bels. 


1.31 Beats 


Beats are the periodic variations of the 
amplitude of the sound pressure or the particle 
velocity at a point due to the interference of 
two sound waves of different frequencies. 
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1.32 Free Wave (Free Progressive Wave) 


A free wave is a sound wave free from inter- 
ference effects. 


1.33 Interference Pattern 


An interference pattern is the resulting space 
distribution of pressure, particle velocity, energy 
density, or energy flux when sound waves of the 
same frequency are superposed. 


1.34 Stationary or Standing Waves 


Stationary waves are the wave system result- 
ing from the interference of waves of the same 
frequencies and are characterized by the exist- 
ence of nodes or partial nodes. 

Note: This definition broadens the ideal classical con- 


cept which is limited to a wave system characterized by a 
zero sound energy flux at all points. 


1.35 Nodes 


Nodes are the points, lines, or surfaces of a 
stationary wave system which have a zero 
amplitude. 

Note: There are different types of nodes such as pres- 


sure nodes or velocity nodes and hence the type must be 
specified. 


1.36 Partial Nodes 


Partial nodes are the points, lines, or surfaces 
of a stationary wave system which have a 
minimum amplitude. 


1.37 Antinodes 


Antinodes are the points, lines, or surfaces of 
a stationary wave system which have a maxi- 
mum amplitude. 


1.38 Echo 


An echo is a wave which has been reflected or 
otherwise returned with sufficient magnitude 
and delay to be perceived in some manner as a 
wave distinct from that directly transmitted. 


1.39 Multiple Echo 


A multiple echo is a succession of separately 
distinguishable echoes from a single source. 


1.40 Flutter Echo 


A flutter echo is a rapid succession of reflected 
pulses resulting from a single initial pulse. If the 
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flutter echo is periodic and if the frequency is in 
the audible range it is called a musical echo. 


1.41 Unpitched Sound 


An unpitched sound is any sound to which no 
definite pitch can be assigned. 


1.42 Noise 


Noise is any undesired sound. 


1.43 Infra-Audible Sound (JA Sound) 


Infra-audible sound is sound whose frequency 
is below the lower pitch limit. See 3.2. 


1.44 Ultra-Audible Sound (Supersonic Sound) 
(UA Sound) 


Ultra-audible sound is sound whose frequency 
is above the upper pitch limit. See 3.3. 


2. ARCHITECTURAL ACOUSTICS 
2.1 Acoustic Reflectivity 


The acoustic reflectivity of a surface not a 
generator is the ratio of the rate of flow of 
sound energy reflected from the surface, on the 
side of incidence, to the incident rate of flow. 
Unless otherwise specified all possible directions 
of incident flow are assumed to be equally 
probable. Also, unless otherwise stated the values 
given apply to a portion of an infinite surface 
thus eliminating edge effects. 


2.2 Acoustic Absorptivity 


The acoustic absorptivity of a surface is equal 
to one minus the reflectivity of that surface. 


2.3 Sabin (Plural-Sabins) 


The sabin is a unit of equivalent absorption 
and is equal to the equivalent absorption of one 
square foot of a surface of unit absorptivity, 
i.e., of one square foot of surface which absorbs 
all incident sound energy. 


2.4 Acoustic Transmittivity 


The acoustic transmittivity of an interface or 
septum is the ratio of the rate of flow of trans- 
mitted sound energy to the rate of incident flow. 
Unless otherwise specified all directions of 
incident flow are assumed to be equally probable. 
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2.5 Reverberation 


Reverberation is the persistence of sound, due 
to repeated reflections. 


2.6 Rate of Decay (of Sound Energy Density) 
(S) 


The rate of decay of sound energy density is 
the time rate at which the sound energy density 
is decreasing at a given point and at a given 
time. The practical unit is the decibel per second. 


2.7 Reverberation Time (7) 


The reverberation time for a given frequency 
is the time required for the average sound energy 
density, initially in a steady state, to decrease, 
after the source is stopped, to one-millionth of 
its initial value. The unit is the second. 


2.8 Mean Free Path 


The mean free path for sound waves in an 
inclosure is the average distance sound travels 
in the inclosure between successive reflections. 


3. HEARING 
3.1 Pitch 


Pitch is that subjective quality of a sound 
which determines its position in a musical scale. 
Pitch may be measured as the frequency of that 
pure tone having a specified sound pressure, or 
specified loudness level, which seems to the 
average normal ear to occupy the same position 
in a musical scale. The unit is the cycle per 
second. 


3.2 Lower Pitch Limit 


The lower pitch limit is the minimum fre- 
quency, for a sinusoidal sound wave, that will 
produce a pitch sensation. 


3.3 Upper Pitch Limit 


The upper pitch limit is the maximum 
frequency, for a sinusoidal sound wave, that will 
produce a pitch sensation. 


3.4 Threshold of Audibility 


The threshold of audibility at any specified 
frequency is the minimum value of the sound 


pressure of a sinusoidal wave of that frequency 
which produces a pitch sensation. This term js 
often used to denote the minimum value of the 
sound pressure of any specified complex waye 
(such as speech or music) which gives the ear q 
sensation of sound. The point at which the 
pressure is measured must be specified in every 
case. It is expressed in dynes _ per square 
centimeter. 

Norte: Unless otherwise specified the ear is assumed to 
be in a silent place. 

Note: The threshold of audibility is also expressed jp 
terms of the sound intensity in ergs per second per square 
centimeter, or in terms of the intensity level above 4 
specified reference intensity. 


3.5 Normal Threshold of Audibility 


The normal threshold of audibility is the modal 
value of the threshold of audibility of a large 
number of normal ears. The unit is the dyne 
per square centimeter. 


Note: The term may be shortened to “normal thresh- 
old’”” when no danger of confusing it with the normal 
threshold of feeling exists. 


3.6 Threshold of Feeling 


The threshold of feeling at any specified 
frequency is the minimum value of the sound 
pressure of a sinusoidal wave of that frequency 
which will stimulate the ear to a point at which 
there is the sensation of feeling. The point at 
which the pressure is measured must be specified 
in every case. It is expressed in dynes per square 
centimeter. 


3.7 Normal Threshold of Feeling 


The normal threshold of feeling is the modal 
value of the threshold of feeling of a large 
number of normal ears. It is expressed in dynes 
per square centimeter. 


3.8 Level Above Threshold (Sensation Level) 


The level above threshold of a sound is the 
difference between the intensity level of the 
sound and the intensity level of the threshold of 
audibility for that sound. It is expressed in 
decibels. 


Note: The term “Level Above Threshold” as here 
defined has a unique meaning only in the case of a free 
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wave. If, however, the intensities specified are those along 
the ear canal of the listener then the meaning is definite 
in any kind of sound field and the intensity level values 
may be replaced by either the pressure level or the velocity 
level in the ear canal, assuming that the ear impedance is 
linear. 


3.9 Hearing Loss (Deafness) 


The hearing loss of an ear at a given frequency 
is the ratio of the threshold of audibility for 
that ear to the normal threshold of audibility, 
at the same frequency. It is expressed in decibels. 


3.10 Percent Hearing Loss (Percent Deafness) 


The percent hearing loss at any given fre- 
quency is one hundred times the ratio of the 
hearing loss in decibels to the number of decibels 
between the normal threshold levels of audibility 
and of feeling at that frequency. 


3.11 Percent Hearing 


The percent hearing at any given frequency is 
one hundred minus the percent hearing loss at 
that frequency. 


3.12 Air-Conduction Perception 


Air-conduction perception is perception in 
which the sound is conducted to the inner ear 
through the air in the meatus. 


3.13 Bone-Conduction Perception 


Bone-conduction perception is perception in 
which the sound is conducted to the inner ear 
by the cranial bones. 


3.14 Loudness 


The loudness is that subjective quality of a 
sound which determines the magnitude of the 
auditory sensation produced by that sound. 


3.15 Loudness Level 


The loudness level, in phons, of a sound is 
numerically equal to the intensity level in 
decibels of the 1000 cycles per second pure tone 
which is judged by the listeners to be equivalent 
in loudness. 


Note 1: The 1000-cycle comparison tone shall be con- 
sidered as a plane sinusoidal sound wave coming from a 
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position directly in front of the observer. The listening is 
to be done with both ears and the intensity level of the 
1000-cycle comparison tone is to be measured in the free 
progressive wave. The reference intensity shall be 10-1 
watt per square centimeter in air at normal condition. This 
is near the value of the threshold of audibility for a 1000- 
cycle pure tone measured in a plane free wave coming 
directly to the front of the observer. 

Note 2: This is the same concept defined in the British 
Standard Glossary of Acoustical Terms and Definitions No. 
661-1936 as equivalent loudness. 


3.16 Masking of a Sound 


The masking of a sound is the shift of the 
threshold of audibility of the masked sound due 
to the presence of the masking sound. The unit 
is the decibel. 


3.17 Auditory Sensation Area 


The auditory sensation area is the area en- 
closed by the curves defining the threshold of 
feeling and the threshold of audibility. 


3.18 Audiogram 


An audiogram is a hearing loss—frequency 
graph or a percent hearing frequency graph. 


3.19 Noise Audiogram 


A noise audiogram is a graphical record of the 
masking due to a given noise, as a function of 
the frequency of the masked tone. 


3.20 Loudness Contours 


Loudness contours are curves of equal loudness 
for sinusoidal sound waves. 


3.21 Instantaneous Speech Power 


The instantaneous speech power is the rate at 
which sound energy is being radiated by the 
speaker at any given instant. 


3.22 Average Speech Power 


The average speech power for any given time 
interval is the average value of the instantaneous 
speech power, over that interval. 


3.23 Phonetic Speech Power 


The phonetic speech power is the maximum 
value of the average speech power, for 0.01- 
second intervals, of a vowel or consonant sound. 
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3.24 Peak Speech Power 


The peak speech power is the maximum value 
of the instantaneous speech power over the time 
interval considered. 


3.25 Discrete Sentence Intelligibility 


The discrete sentence intelligibility is the per- 
centage of the total number of spoken sentences 
which are correctly understood, when each 
sentence conveys a simple idea and is of a form 
to test the observer’s acuteness of perception 
rather than his intelligence. 


3.26 Discrete Word Intelligibility 


The discrete word intelligibility is the per- 
centage of the total number of spoken words 
which are correctly understood when the words 
are spoken so as to have no contextual relation 
between them. 


3.27 Syllable Articulation 


The syllable articulation is the percentage of 
the total number of spoken meaningless syllables 
which are correctly recognized. 


3.28 Sound Articulation 


The sound articulation is the percentage of the 
total number of spoken fundamental sounds 
which are correctly recognized when the sounds 
are spoken in meaningless syllables. 


3.29 Vowel, Consonant, Initial Consonant, or 
Final Consonant Articulation 


The vowel, consonant, initial consonant, or 
final consonant articulation is the sound articula- 
tion analyzed to show the percentage correctly 
recognized of the total number of vowels, con- 
sonants, initial consonants, or final consonants, 
respectively, which were used in the articulation 
tests. 


3.30 Individual Sound Articulation 


The individual sound articulation is the sound 
articulation analyzed to show the percentage 


correctly recognized for a particular sound such 
sé ” 
as “‘e. 


3.31 Phon 


The phon is the unit of loudness level as 
specified in definition 3.15. 


4. SOUND TRANSMISSION 


NOTE ON TERMINOLOGY: Because of the similarity of 
electrical, mechanical, and acoustical transmission theory 
the same terminology is used in the three cases. Where 
confusion is likely to occur the term mechanical or acoustic 
should be prefixed to the general term, e.g., acoustic trans- 
fer impedance, but unless otherwise specified the following 
definitions apply not only in acoustics but in mechanics 
as well. While acoustics is a branch of mechanics it js 
found convenient to distinguish an acoustic system from a 
mechanical one using the former term whenever elastic 
wave motion is an essential feature. 

The terms and definitions of this section pertain to 
single-frequency pressures or driving forces, and volume 
velocities or velocities in the steady state, and to trans- 
mission systems having properties which are independent 
of the magnitudes of these pressures and velocities. The 
forces, pressures, velocities, etc., can be represented mathe- 
matically by complex exponential functions of the time. 
Under these conditions the factors involving the time 
cancel out in the ratios called for in the definitions, leaving 
complex numbers independent of time. Solutions based on 
complex exponential functions under these conditions 
give the solution for real sinusoidal oscillations. 


4.1 Acoustic Impedance 


The acoustic impedance of a sound medium on 
a given surface lying in a wave front is the com- 
plex quotient of the sound pressure (force per 
unit area) on that surface by the flux (volume 
velocity, or linear velocity multiplied by the 
area), through the surface. When concentrated 
rather than distributed impedances are con- 
sidered, the impedance of a portion of the 
medium is defined by the complex quotient of 
the pressure difference effective in driving that 
portion, by the flux (volume velocity). The 
acoustic impedance may be expressed in terms of 
mechanical impedance, acoustic impedance being 
equal to the mechanical impedance divided by 
the square of the area of the surface considered. 
The unit is the acoustic ohm. 

Norte: Velocities in the direction along which the im- 
pedance is to be specified are considered positive. 
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4.2 Acoustic Resistance 


The acoustic resistance of a sound medium is 
the real component of the acoustic impedance. 
This is the component of the acoustic impedance 
that is responsible for the dissipation of energy. 
The unit is the acoustic ohm. 


4.3 Acoustic Reactance 


The acoustic reactance of a sound medium is 
the imaginary component of the acoustic im- 
pedance. It is the component of the acoustic 
impedance which may result from the effective 
mass or from the compliance of the medium. 
The unit is the acoustic ohm. 


4.4 Acoustic Ohm 


An acoustic resistance, reactance, or impedance 
is said to have a magnitude of one acoustic ohm 
when a sound pressure of one dyne per square 
centimeter produces a volume velocity of one 
cubic centimeter per second. 


4.5 Acoustic Inertance 


The acoustic inertance of a sound medium is 
that coefficient which, when multiplied by 27 
times the frequency gives the imaginary part of 
the acoustic impedance which results from the 
inertia or effective mass of the medium. The unit 
is the gram per centimeter to the fourth power. 


4.6 Acoustic Stiffness 


The acoustic stiffness of a sound medium is 
that coefficient which when divided by 27 times 
the frequency gives the imaginary part of the 
acoustic impedance which results from the com- 
pliance of the medium or the volume displace- 
ment per unit pressure. The unit is the dyne per 
centimeter to the fifth power. 


4.7 Acoustic Compliance 


The acoustic compliance of a sound medium is 
the reciprocal of the acoustic stiffness of the 
medium. 


4.8 Mechanical Impedance 


The mechanical impedance of a mechanical 
system is the complex quotient of the alter- 
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nating force applied to the system by the result- 
ing alternating linear velocity in the direction of 
the force at its point of application. The unit is 
the mechanical ohm or the dyne second per 
centimeter. 


4.9 Driving-Point Impedance 


The driving-point impedance is the complex 
quotient at any driving-point, of the force (or 
sound pressure) by the velocity (linear or vol- 
ume) of vibration at that point. 


4.10 Resonance (Velocity Resonance) 


Resonance exists between a body, or system, 
and an applied sinusoidal force if any small 
change in the frequency of the applied force 
causes a decrease in velocity at the driving point; 
or if the frequency of the applied force is such 
that the absolute value of the driving-point 
impedance is a minimum. 

Note: In the case of a singly resonant system consisting 
of a mass reactance, a stiffness reactance, and a resistance 
in series, the frequency of resonance as defined above is 
also the frequency at which the mass and the stiffness 
reactances are numerically equal, and hence the frequency 
at which the applied sinusoidal force and the resulting 
sinusoidal velocity are in phase. 


4.11 Resonant Frequency 


A resonant frequency is a frequency at which 
resonance exists. The unit is the cycle per second. 

Norte: In cases where there is a possibility of confusion 
it is necessary to specify the type of resonant frequency, 
i.e., displacement resonant frequency, or velocity resonant 
frequency. 


4.12 Displacement Resonance 


Displacement resonance exists between a body, 
or system, and a sinusoidally applied force if any 
small change in frequency of the applied force 
causes a decrease in the amplitude of dis- 
placement. 

Discussion: In the case of a system whose motion can 
be described by the equation: 

d*x 
dt? 


M 





dx 
+R— +Sx=A cos wt 
dt 


the characteristics of the different kinds of resonance in 
terms of the constants of the above equation are given in 
the table: 
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Resonance 
F ay > 7 a5 |S 
requency Vir 
_A 
Amplitude of displacement R [Ss 
Vu 
' : A 
Amplitude of velocity R 
Phase of displacement with 7 
reference to applied force 2 


At displacement At the natural 








resonance frequency 
J ad 1 JSR 
Ix\M 2M? xVM 4p 
 —_—_ a 
[SR |S 3R2 
i... = ee 
\ M 42 Vi tar 
a A 
—_ a ae 
R a. a R on a 
\'tfirs—7R \! + i6is—ip 
_, /4MS _, /i6ms _ 
q 1, | _— F E al oak 
tan \ R 2 tan \ R 


For small values of R, there is little difference between the three cases discussed above. 


4.13 Anti-Resonant Frequency 


An anti-resonant frequency of any device is a 
frequency at which the current, the velocity, 
or the displacement at the driving point will 
have a minimum magnitude when driven by a 
constant force. The unit is the cycle per second. 

Note: In cases where confusion might exist it is neces- 
sary to specify whether velocity or displacement anti- 
resonance is meant. 


4.14 Anti-Resonance 


Anti-resonance is the condition existing at 
an anti-resonant frequency. 


4.15 Forced Vibration 


A forced vibration is any vibration that is 
imposed upon a system by external force and 
whose frequency is controlled thereby. 


4.16 Free Vibration 


A free vibration is any vibration which exists 
in a system after all driving forces have been 
removed from the system. 


4.17 Natural Frequency (fy) 


The natural frequency of any system is the 
frequency at which its vibrating element will 
vibrate after the external force displacing it 
from its normal position has ceased to act. The 
unit is the cycle per second. 


4.18 Natural Period 


The natural period is the reciprocal of the 
natural frequency. The unit is the second. 


4.19 Conjugate Impedance 


Two impedances are said to be conjugate to 
each other when their effective resistances are 
equal and their reactances are equal in magni- 
tude but are opposite in sign. 


4.20 Transfer Impedance 


The transfer impedance between two points 
is the complex ratio of an applied sinusoidal 
force (or sound pressure) at one point to the 
resultant velocity (or volume velocity) at the 
second point. 


4.21 Insertion Loss 


The insertion loss caused by the insertion of a 
system in another system is the proportional loss 
in power delivered to that part of the original 
system beyond the point of insertion due to the 
inserted system. The unit is the decibel. 


4.22 Transducer Loss 


The transducer loss of a piece of apparatus 
between two given terminals is the proportional 
loss caused by inserting the apparatus, assuming 
that as a reference standard the source and the 
load were connected through an ideal transducer. 
The unit is the decibel. 


4.23 Propagation Constant (P) 


The propagation constant (P) of a uniform 
system, or of a section of a system of recurrent 
structure is the natural logarithm of the complex 
ratio of the steady-state velocities (linear or 
volume) at two points separated by unit distance 
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in the uniform system (assumed to be of infinite 
length), or at two successive corresponding points 
in the system of recurrent structure (assumed to 
be of infinite length). The ratio is determined by 
dividing the value of the velocity at the point 
nearer the transmitting end by the value of the 
velocity at the point more remote. 

NotE: Single frequency pressures and velocities are 
here supposed to be represented by complex numbers. 
Their ratio is therefore a complex number. 


4.24 Neper 


The neper is a unit of the same nature as the 
decibel but differs from it in magnitude. When 
used for expressing power ratios the number of 
nepers ‘‘ V”’ by which the power P exceeds the 
power Po is given by, N=} log, P/ Py or if used 
for expressing the current, velocity, voltage, or 
force ratios when these are working into the same 
or equal impedances NV =log, a;/ao. One neper is 
equivalent to 8.686 decibels. 


4.25 Attenuation Constant ( A) 


The attenuation constant is the real part of the 
bs . vor a sé ” 
propagation constant.’’ The unit is the ‘‘neper. 


Note: In the case of a symmetrical structure, the real 
parts of both the transfer constant and the propagation 
constant are identical, and hence either one may be called 
simply the attenuation constant. 

In the case of a portion of smooth line of infinite length 
the attenuation constant is the natural logarithm of the 
absolute value of the ratio of the currents at the beginning 
and end of the length under consideration. 


4.26 Phase Constant ( B) 


The phase constant is the imaginary part of 
the “propagation constant.’ The unit is the 
radian. 


Note: In the case of a symmetrical structure, the 
imaginary part of both the transfer constant and of the 
propagation constant are identical and have been called 
the “wave-length constant’ as well as the ‘angular 
constant.” 


4.27 Iterative Impedance 


The iterative impedance of any transducer, 
having an input and an output, is the impedance 
which will terminate the output in such a way 
as to make the input impedance equal to this 
terminating impedance. 


4.28 Image Impedance 


The image impedance of any transducer, 
having an input and an output, is the impedance 
which will terminate the transducer in such a way 
that at either junction the impedances in both 
directions are identical. 


Note: This is equivalent to stating that the image 
impedance at either end is the geometric mean of the 
open- and the short-circuit impedances of the transducer 
as measured from that end. The image impedance of 
any symmetrical transducer is the same as its iterative 
impedance. 


4.29 Transfer Constant (6) 


The transfer constant of any passive trans- 
ducer is one-half the natural logarithm of the 
complex ratio of the steady-state product of the 
force and the velocity, or the pressure and volume 
velocity entering the transducer to that leaving 
the transducer when the latter is terminated in 
its image impedance. 


Note: Single frequency forces and velocities are here 
supposed to be represented by complex numbers. Their 
ratio is therefore a complex number. 


4.30 Image Attenuation Constant 


The image attenuation constant is the real 
part of the “transfer constant.’’ The prefix 
“‘image”’ may be omitted if there is no danger of 
confusion. 


4.31 Image Phase Constant 


The image phase constant is the imaginary 
part of the “transfer constant.” The prefix 
‘‘image’”’ may be omitted when there is no danger 
of confusion. 


4.32 Cut-off Frequency (f.) 


The cut-off frequency of any non-dissipative 
structure is the divisional frequency immediately 
on one side of which the attenuation constant is 
zero and immediately on the other side of which 
the attenuation constant is not zero. The cut-off 
frequency of a dissipative structure is the cut-off 
frequency which would exist in a non-dissipative 
structure having the same constants for the 
reactive elements. 
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4.33 Force Factor 


The force factor of an _ electromechanical 
transducer is the complex quotient of the result- 
ing force in the mechanical system when blocked 
and the current in the electrical system; or the 
complex quotient of the resulting open-circuit 
voltage in the electrical system and the velocity 
in the mechanical system. 


The force factor of an electroacoustic trans- 
ducer is the complex quotient of the resulting 
blocked pressure in the acoustic system and the 
current in the electrical system; or the complex 
quotient of the resulting open-circuit voltage in 
the electrical system and the volume velocity in 
the acoustic system. 


4.34 Blocked Impedance 


The blocked impedance of a transducer is the 
impedance measured at the input when the 
impedance of the output system is made infinite. 


Note: For instance, in the case of an electromechanical 
transducer the blocked impedance is the impedance 
measured at the electrical terminals when the mechanical 
system is blocked or clamped. 


4.35 Normal Impedance 


The normal impedance of a transducer is the 
impedance measured at the input of the trans- 
ducer when the output is connected to its normal 
load. 


4.36 Motional Impedance 

The motional impedance of a transducer is 
the vector difference between its normal and its 
blocked impedance. 

5. TRANSMISSION SYSTEMS 

5.1 Acoustic System 

An acoustic system is a system adapted for 
the transmission of sound. 
5.2 Symmetrical Transducer (Symmetrical Net- 


work) 


A symmetrical transducer is a structure whose 
input and output image impedances are equal. 


5.3 Dissymmetrical Transducer (Dissymmet- 
rical Network) 


A dissymmetrical transducer is a transducer 
whose input and output image impedances are 
unequal in magnitude or phase or both. 


5.4 Selective Transducer (Selective Network) 


A selective transducer is a structure designed 
to give some predetermined insertion loss-fre- 
quency or phase shifting frequency characteristic, 


5.5 All-Pass Transducer (All-Pass Network) 


An all-pass transducer is a structure whose 
attenuation constant is zero for all frequencies 
from zero to infinity. 


5.6 Equivalent Network 


An equivalent network is a network of im- 
pedances, which, at a given frequency or over 
the entire range of frequencies, is the equivalent 
of another network. 


5.7 Wave Filter 


A wave filter is a selective transducer which 
introduces a negligible insertion loss over a 
certain finite range (or ranges) of frequencies and 
a relatively large insertion loss at all other 
frequencies. 


5.8 Low-Pass Wave Filter 


A low-pass (LP) wave filter is a selective 
transducer which efficiently passes waves of all 
frequencies from zero up to a certain frequency— 
called the cut-off frequency—and effectually 
bars waves of all higher frequencies. 


5.9 High-Pass Wave Filter 


A high-pass (J7P) wave filter is a selective 
transducer which efficiently passes waves of all 
frequencies down to a certain frequency—called 
the cut-off frequency—and_ effectually — bars 
waves having frequencies lower than the cut- 
off frequency. 


5.10 Band Elimination Wave Filter 


A band elimination (BE) wave filter or a 
‘‘low-and-high pass’’ wave filter is a selective 
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transducer which efficiently passes waves of all 
frequencies from zero up to a certain frequency, 
fis effectually barring waves of all frequencies 
between f; and a higher frequency fe, and effi- 
ciently passing waves having a frequency higher 
than fe. 


5.11 Band-Pass Wave Filter 


A band-pass (BP) wave filter is a selective 
transducer, which efficiently passes all waves 
between two given frequencies, and effectually 
bars all waves whose frequencies lie outside of 
this range. 


5.12 Composite Wave Filter 


A composite wave filter is a network of serially 
connected wave filter sections some or all of 
which are different in their transfer constants 
but adjacent sections of which are equal in their 
image impedances at their junction. 


5.13 Constant Resistance Structure 


A constant resistance structure is one whose 
iterative impedance in at least one direction is a 
pure resistance and is independent of the 
frequency. 


5.14 Transducer 
(American Standard Definitions of Electrical 
Terms—C42-1941 : 65.20.600) 


A transducer is a device by means of which 
energy may flow from one or more transmis- 
sion systems to one or more other transmission 
systems. 

Note: The energy transmitted by these systems may 
be of any form (for example, it may be electrical, mechan- 


ical or acoustical), and it may be of the same form or 
different forms in the various input and output systems. 


5.15 Passive Transducer 


A passive transducer is one in which the power 
supplied to the second system is obtained ex- 
clusively from the power available from the first 
system. 


5.16 Ideal Transducer 


An ideal transducer for connecting two specific 
systems is a passive transducer which converts 
the maximum possible power from the first 
system to the second. 
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5.17 Electroacoustic Transducer 


An electroacoustic transducer is a transducer 
which is actuated by power from an electrical 
system and supplies power to an acoustical 
system or vice versa. 


5.18 Ideal Electroacoustic Transducer 


An ideal electroacoustic transducer for con- 
necting two specific systems is a passive trans- 
ducer which converts the maximum possible 
power from the electrical system to the acoustical 
system or vice versa. 


6. MUSIC 
6.1 Tone 


A tone is a sound giving a definite sensation 
of pitch. 


6.2 Pitch 


Pitch is a sensory characteristic arising out of 
frequency, which may assign to a tone a position 
in a musical scale. 


Note: The pitch of any tone is commonly indicated by 


the frequency of a simple tone of specified intensity corre- 
sponding in pitch to the tone. 


6.3 Simple Tone (Pure Tone. See 1.2) 


A simple tone is one which consists of a single 
frequency. 


6.4 Compound Tone 


A compound tone is one which consists of 
more than a single frequency. 


6.5 Partial Tone 


A partial tone is any component of a com- 
pound tone. (See 1.11.) 


6.6 Fundamental Tone 


The fundamental tone of a compound tone is 
that one of its partials which has the lowest 
frequency. (See 1.8.) 


6.7 Harmonic 


A harmonic is a partial whose frequency is an 
integral multiple of the fundamental frequency. 
(See 1.9.) 
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TABLE I. A just scale (see 6.14). 








Cents from 


Frequency ratio L n 
starting point 


Interval from starting point 
Unison 

Semitone 

Minor tone 

Major tone 

Minor third 

Major third 

Fourth 

Augmented fourth 
Diminished fifth 

Fifth 

Minor sixth 

Major sixth 

Harmonic minor seventh 
Grave minor seventh 
Minor seventh 

Major seventh 

Octave 


111.731 
182.404 
203.910 
315.641 
386.314 
498.045 
590.224 
609.777 
701.955 
813.687 
884.359 
968.826 
996.091 
1017.597 
1088.269 
1200.000 
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6.8 Interval 


The interval between two tones is a measure 
of their difference in pitch, and is usually nu- 
merically represented by the ratio of their 
frequencies. (See Table I.) 


Note: The following theoretical just intervals are also used in musical 
acoustics and musical theory. 








Value 
Frequency in 
ratio cents 


Name of 


interval Description 








excess of major tone 81: 80 21.506 


over minor tone 


Comma of 
Didymus 
531441 : 524288 


excess of 12 just fifths 23.460 


over 7 octaves 


Comma of 
Pythagoras 

excess of Pythagorean 32805 : 32768 1.954 

over Didymean 

comma (almost ex- 

actly equal to the 

difference between a 

just and an equally 

tempered fifth) 


Skhisma 








6.9 Note 


A note is a conventional sign used to indicate 
the pitch, or duration, or both, of a tone. 


6.10 Octave 
An octave is the interval between any two 
tones whose frequency ratio is 2 : 1. (See 1.7.) 


6.11 Equally Tempered Half-Tone 


An equally tempered half-tone is the interval 
between any two tones whose frequency ratio 
is the twelfth root of two. 


C2 Octave 
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6.12 Cent 


A cent is the interval between any two tones 
whose frequency ratio is the twelve-hundredth 
root of two. 


Norte: 1 octave =12 equally tempered half-tones = 1209 
cents. 


6.13 Scale 


A scale is a series of tones ascending or de- 
scending in frequency by definite intervals, 
suitable for musical purposes. 


6.14 Just Scale (Untempered Scale) 


A just scale is a musical scale employing only 
intervals found in the harmonic series. (See 


Table I.) 


6.15 Equally Tempered Scale 


The equally tempered scale is a division of the 
octave into twelve equal intervals, called equally 
tempered half-tones. (See Table IT.) 


6.16 American Standard Pitch 


The standard pitch for America is based on 
the frequency 440 cycles per second for tone 
Ag on the pianoforte keyboard. (See Table III.) 


Note: Tones belonging to the equally tempered scale 
may be identified without the use of musical notation by 
the method used in Tables II and III annexed to these 
definitions. In this method the name of the tone (A, B, C, 
etc.) is given followed by a subscript number indicating the 
place of the key corresponding to it on the pianoforte 
keyboard. The tone of lowest frequency is therefore 
denominated A;. The tone of highest frequency is Cy. 
Middle C is Cyo; and so on. 


TABLE II. Equally tempered scale (see 6.15). 








Frequency 
(cycles per 
second) at 
standard 
pitch Cents 
Ag =440 from 
cycles per starting starting 
second point point 


261.626 1: 
277.183 1.059463 : 
293.665 1.122462: 
311.127 1.189207 : 
329.628 1.259921: 
349.228 1.334840: 


1 
1 
1 
1 
1 
1 
369.994 1.414214:1 
1 
1 
1 
1 
1 
1 


Name and 
number 
of tone 
from C40 
in Name of interval 
from C40 as 
starting point 


Frequency 

ratio from 

ascending 
order 





Cw Unison 

C#ua —Dda Half-tone 

Dea Whole tone 

D3 —Epas Minor third 

Eu Major third 

Fas yee at , 

a a Augmented fourth 
#« —Gbs Diminished fifth 

Ga Fifth 

7%43 —Abas Minor sixth 

Aas Major sixth 

A $0 — Bbso Minor seventh 

Bu Seventh 


391.995 1.498307 : 
415.305 1.587401: 
440.000 1.681793: 
466.164 1.781797: 
493.883 
523.251 


1.887749: 
2: 
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TABLE III. Frequencies of the tones of the equally tempered scale as used in music, named and numbered according to their positions on the 
E pianoforte keyboard and calculated according to the American Standard Pitch (see 6.16). 








2nd octave 
no. cycles 
per second 


ist octave 
no. cycles 
per second 


3rd octave 
no. cycles 
per second 





1 27.500 13 
29.135 14 
30.868 15 


32.703 16 
34.648 17 
36.708 18 


55.000 25 
58.270 26 
61.735 27 


65.406 28 
69.296 29 
73.416 30 


77.782 = 31 
82.407 32 
87.307 33 


wr 


aus 


38.891 19 
41.203 20 
43.654 21 


46.249 22 
48.999 23 
$1.913 24 


92.499 34 
97.999 35 
103.826 36 


Neo Oe 


— 


110.000 
116.541 
123.471 


130.813 
138.591 
146.832 


155.563 
164.814 
174.614 


184.997 
195.998 
207.652 


4th octave 
no. cycles 
per second 


37 
38 
39 


40 
41 
42 


43 
44 
45 


46 
47 
48 





220.000 
233.082 
246.942 


261.626 
277.183 
293.665 


311.127 
329.628 
349.228 


369.994 
391.995 
415.305 


5th octave 
no. cycles 
per second 





6th octave 
no. cycles 
per second 


8th octave 
no. cycles 
per second 


7th octave 
no. cycles 
per second 





49 
50 
$1 


52 
53 
54 


55 
56 
57 


58 
59 
60 


440.000 61 
466.164 62 
493.883 63 


§23.251 64 
554.365 65 
587.330 66 


622.254 67 
659.255 68 
698.456 69 


739.989 70 
783.991 71 
830.609 72 


880.000 73 
932.328 74 
987.767 75 


1046.502 76 
1108.731 77 
1174.659 78 


1244.508 79 
1318.510 80 
1396.913 81 


1479.978 82 
1567.982 83 
1661.219 84 


1760.000 85 3520.000 
1864.655 86 3729.310 
1975.533 87 3951.066 


2093.005 88 4186.009 
2217.461 
2349.318 


2489.016 
2637.021 
2793.826 


2959.955 
3135.964 
3322.438 








Acoustic compliance 4.7 

Impedance 4.1 

Inertance 4.5 

Ohm 4.4 

Reactance 4.3 

Resistance 4.2 

Stiffness 4.6 

System 5.1 
Air-conduction perception 3.17 
All-pass transducer 5.5 
American standard pitch 6.16 
Antinodes 1.37 
Anti-resonance 4.14 
Anti-resonant frequency 4.13 
Articulation, consonant 3.29 

Individual sound 3.30 

Sound 3.28 

Syllable 3.27 

Vowel 3.29 
Attenuation constant 4.25 
Attenuation constant, Image 4.30 
Audibility, Threshold of 3.4 

Normal threshold of 3.5 
Audiogram 3.18 
Audiogram, Noise 3.19 
Auditory sensation area 3.17 
Augmented fourth—Tables I and II 
Average speech power 3.22 


Band elimination wave filter 5.10 
Band-pass wave filter 5.11 

Bar 1.19 

Barye 1.19 

Basic frequency 1.10 

Beats 1.31 

Bel 1.17 

Blocked impedance 4.34 
Bone-conduction perception 3.13 


INDEX 


Cent 6.12 

Comma—Table I 

Compliance, Acoustic 4.7 
Compound tone 6.4 

Conjugate impedance 4.19 
Consonant articulation 3.29 
Constant resistance structure 5.13 
Contours, Loudness 3.20 

Cut-off frequency 4.32 

Cycle 1.4 


Deafness 3.9 

Deafness, Percent 3.10 

Decibel 3.18 

Diffuse sound 1.15 

Diminished fifth—Tables I and II 
Discrete sentence intelligibility 3.25 
Discrete word intelligibility 3.26 
Dissymmetrical transducer 5.3 
Driving point impedance 4.9 

Dyne per square centimeter 1.19 


Echo 1.38 
Echo, Flutter 1.40 

Multiple 1.39 
Effective sound pressure 1.22 
Electroacoustic transducer 5.17 
Energy density, Sound 1.28 
Equally tempered half-tone 6.11 
Equally tempered scale 6.15 
Equivalent loudness 3.15 
Equivalent network 5.6 
Excess pressure 1.21 


Feeling, Threshold of 3.6 

Fifth—Tables I and IT 

Filter, Band elimination wave 5.10 
Band-pass wave 5.11 
Composite wave 5.12 
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High-pass wave 5.9 
Low-pass wave 5.8 
Wave 5.7 
Flutter echo 1.40 
Flux density, Sound energy 1.29 
Flux, Sound energy 1.25 
Force factor 4.33 
Forced vibration 4.15 
Fourth—Tables I and II 
Free vibration 4.16 
Free wave 1.32 
Frequency 1.6 
Frequency, Cut-off 4.32 
Natural 4.17 
Resonant 4.11 
Fundamental frequency 1.2 
Fundamental tone 6.6 


Grave minor seventh—Table I 


Half-tone, equally tempered 6.11 
Harmonic 1.9 and 6.7 
Minor seventh—Table I 
Quantity 1.3 
Hearing 3.0 
Loss 3.9 
Percent 3.11 
High-pass wave filter 5.9 


Ideal electroacoustic transducer 5.18 
Ideal transducer 5.16 
Image attenuation constant 4.30 
Impedance 4.28 
Phase constant 4.31 
Impedance, Acoustic 4.1 
Blocked 4.34 
Conjugate 4.19 
Driving point 4.9 
Iterative 4.27 
Mechanical 4.8 
Motional 4.36 
Normal 4.35 
Transfer 4.20 
Individual sound articulation 3.30 
Inertance, Acoustic 4.5 
Insertion loss 4.21 
Instantaneous sound pressure 1.21 
Instantaneous speech power 3.21 
Intelligibility, Discrete sentence 3.25 
Discrete word 3.26 
Intensity level 1.30 
Intensity, Sound 1.29 
Interference pattern 1.33 
Interval 6.8 
Iterative impedance 4.27 


Level above threshold 3.8 

Loss, Hearing 3.9 
Insertion 4.21 
Percent hearing 3.10 
Transducer 4.22 


ACOUSTICAL 





Loudness 3.14 
Contours 3.20 
Equivalent 3.15 
Level 3.15 

Lower pitch limit 3.2 

Low-pass wave filter 5.8 


Major seventh—Tables I and II 
Sixth—Tables I and II 
Third—Tables I and II 
Tone—Table I 

Masking of a sound 3.16 

Maximum sound pressure 1.23 

Mechanical impedance 4.8 

Mechanical ohm 4.8 

Microbar 1.19 

Minor seventh—Tables I and II 
Sixth—Tables I and II 
Third—Tables I and II 
Tone—Table I 

Motional impedance 4.36 

Multiple echo 1.39 


Natural frequency 4.17 
Period 4.18 
Neper 4.24 
Network, Equivalent 5.6 
Node 1.35 
Nodes, Partial 1.35 
Noise 1.42 
Normal impedance 4.35 
Normal threshold of audibility 3.5 
Normal threshold of feeling 3.7 
Note 6.9 


Octave 1.7 and 6.10 

Ohm, Acoustic 4.4 
Mechanical 4.8 

Overtone 1.12 


Partial 1.11 

Partial nodes 1.35 

Partial tone 6.5 

Particle velocity 1.16 

Passive transducer 5.15 

Peak sound pressure 1.24 

Peak speech power 3.24 

Percent hearing 3.11 

Percent hearing loss 3.10 

Period 1.5 

Period, Natural 4.18 

Periodic quantity 1.3 

Phase constant 4.26 

Phase constant, Image 4.31 

Phonetic speech power 3.23 

Pitch 3.1 and 6.2 

Pitch, American standard 6.16 

Pitch limit, Lower 3.2 
Upper 3.3 
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Pressure, Effective sound 1 
Instantaneous sound 1. 
Maximum sound 1.23 
Peak sound 1.24 
Static 1.20 

Pressure level 1.26 

Propagation constant 4.23 

Pure tone 1.2 


22 
21 


Reactance, Acoustic 4.3 
Resistance, Acoustic 4.2 
Resonance 4.10 

Resonance, Displacement 4.12 
Resonance frequency 4.11 


Scale 6.13 
Scale, Equally tempered 6.15 
Scale, Just (Untempered) 6.14 
Selective transducer 5.2 
Semitone—Table I 
Sensation area, Auditory 3.17 
Sensation level 3.8 
Seventh—Table II 
Simple tone 1.2 and 6.3 
Skhisma—Table I 
Sound 1.1 
Sound, Infra-audible 1.43 
Ultra-audible 1.44 
Unpitched 1.41 
Sound articulation 3.28 
Energy density 1.28 
Energy flux 1.25 
Intensity 1.29 
Pressure 1.22 
Speech power, Average 3.22 
Instantaneous 3.21 
Peak 3.24 
Phonetic 3.23 
Standard pitch, American 6.16 
Static pressure 1.20 
Stationary wave 1.34 
Stiffness, Acoustic 4.6 
Subharmonic 1.13 
Syllable articulation 3.27 
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Threshold, Level above 3.8 
Threshold of audibility 3.4 
Threshold of audibility, Normal 3.5 
Threshold of feeling 3.6 
Threshold of feeling, Normal 3.7 
Tone 6.1 
Tone, Compound 6.4 
Fundamental 6.6 
Partial 6.5 
Simple 6.3 
Transducer 5.14 
Transducer, All-Pass 5.5 
Dissymmetrical 5.3 
Electroacoustic 5.17 
Ideal 5.16 
Ideal electroacoustic 5.18 
Passive 5.15 
Selective 5.4 
Symmetrical 5.2 
Transducer loss 4.22 
Transfer constant 4.29 
Transfer impedance 4.20 


Ultra-audible sound 1.44 
Unison—Tables I and II 
Unpitched sound 1.41 
Upper pitch limit 3.3 


Velocity level 1.27 

Velocity, Particle 1.16 

Vibration, Forced 4.15 
Free 4.16 

Vowel articulation 3.29 


Wave, Free progressive 1.32 
Stationary 1.34 

Wave filter 5.7 

Wave filter, Band elimination 5.10 
Band-pass 5.11 
Composite 5.12 
Low-pass 5.8 
High-pass 5.9 

Wavelength 1.14 

Whole tone—Table II 
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FOREWORD 


HIS American Standard for Noise Measure- 

ment—Z24.2—1942 comprises a part of a 

group of definitions, standards, and specifications 
for use in acoustical work. 

In May, 1932, following a proposal of the 
Acoustical Society of America, the American 
Standards Association initiated a standardization 
project on Acoustical Measurement and Termi- 
nology under the sponsorship of the Acoustical 
Society of America, and with the following scope: 


Preparation of standards of terminology, units, scales, 
and methods of measurement in the field of acoustics. 


A committee in charge of the work was organized, 
and its organization meeting was held in May, 
1932. Numerous changes in both the personnel 


and the organizations represented on this 
committee have been made since 1932. Also, 
in May, 1942, the scope of the work was expended 
to include vibration. 

Various subcommittees have been organized 
to take care of the committee’s program, 
They are: 


Acoustical Terminology 

Audiometry and Hearing Aids 

Fundamental Acoustical Measurements 

Noise Measurement 

Sound Absorption and Sound Insulation Measurements 
Sound Levels and Sound Level Meters 


The organizations represented on the sectional 
committee responsible for these standards, 
together with their representatives, are as 


follows: 


V. O. KNuDsEN, Acoustical Society of America, Chairman 
J. W. McNair, ASA, Secretary 


Acoustical Society of America (Sponsor) ................ 


Academy of Motion Picture Arts and Sciences........... 
Acoustical Materials Association....................-.. 


pummerican “Gas ASBOCIAION : 5... 65c oii c bb sc nec c ce cacese 
American Institute of Electrical Engineers.............. 


Pmereran Eneteiute of Physics... 6.5.66 eee cakes. 
American Medical Association. ....................00-- 


American Otological Society, Inc....................0-. 
| Ng ee Bs 5 
American Society for Testing Materials................. 
American Society of Heating and Ventilating Engineers. . . 


American Society of Mechanical Engineers.............. 


Canadian Engineering Standards Association............ 
ASA Electric Light and Power Group.................. 
ee | 


Institute of Radio Engineers........ 


International City Managers’ Association............... 
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National Association of Fan Manufacturers.............. 


National Bureau of Standards. .....................445. 
National Electrical Manufacturers Association ............ 


Radio Manufacturers Association. ..........-........04. 
Society of Automotive Engineers....................4.65 


Society of Motion Picture Engineers.................... 
Be EC TE CEPT CT Ter 


U. S. Navy Department—Bureau of Ships. .............. 


Se eae OS =o 5c biwaice hk CORSE 
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The standard contained in this publication 
comprises revisions of a standard which was 
approved by the ASA as American Tentative 
Standard in February, 1936. 

The Subcommittee on Noise Measurement 
responsible for this standard has the following 
personnel : 


R. G. McCurpy 
A. J. MucHow 


Dr. HARVEY FLETCHER, Chairman 
V. L. CHRISLER 


E. D. Cook R. F. Norris 

F. A. FIRESTONE J. S. PARKINSON 
E. E. FREE J. C. STEINBERG 
C. R. HANNA W. WATERFALL 


S. K. WoLF 
0. INTRODUCTION 


These standards define numerical scales and 
other essentials for measuring the loudness and 
intensity of sounds. A reference tone is selected 
together with a numerical scale for defining its 
magnitude. The magnitude from a loudness 
standpoint of any other sound is measured on 
the same scale in terms of the equally loud 
reference tone. 

Besides the formally approved items, a 
discussion of these standards and some defini- 
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tions of terms used in noise measurements are 
also included. These definitions agree with those 
given in American Standard Acoustical Termi- 
nology—Z24.1—1942, except that in a few cases 
the wording has been changed to refer particu- 
larly to applications in noise measurements. 


1. DEFINITIONS 
1.1 Sound Intensity 


The sound intensity of a sound field in a 
specified direction at a point is the sound energy 
transmitted per unit of time in the specified 
direction through a unit area normal to this 
direction at the point. The unit is the erg per 
second per square centimeter but sound intensity 
may also be expressed in watts per square 
centimeter. 

Note: (a) The sound intensity in any specified direction 


ae ee 


a’’ is given by 
1 er 
I,= ai pradt, 


where T is the period, p the instantaneous sound pressure, 
and vq is the component of the instantaneous particle 
ae ” 


velocity in the direction ‘‘a. 
Note: (b) In the case of a plane or spherical free wave 
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having the effective sound pressure P dynes per square 
centimeter, the velocity of propagation c (centimeters per 
second) in a medium of density p (grams per cubic centi- 
meter), the intensity in the direction of propagation is 
given by 


P? 
I= — (ergs per second per square centimeter). 
pc 


This same relation can often be used in practice with 
sufficient accuracy to calculate the intensity at a point 
near the source with only a pressure measurement. In 
more complicated sound fields the results given by this 
relation may differ greatly from the actual intensity. 


1.2 Intensity Level 


The intensity level in decibels of a sound is 
10 times the logarithm to the base 10 of the 
ratio of the intensity J of this sound to the 
reference intensity Jo. 


1.3 Pressure Level 


The pressure level in decibels of a sound is 
20 times the logarithm to the base 10 of the 
ratio of the pressure P of this sound to the 
reference pressure Po. 


1.4 Velocity Level 


The velocity level in decibels of a sound is 
20 times the logarithm to the base 10 of the 
ratio of the particle velocity of the sound to the 
reference particle velocity Vo. 


1.5 Loudness Level 


The loudness level in phons of a sound is 
numerically equal to the intensity level in 
decibels of the 1000 cycle per second pure tone, 
which is judged by the listeners to be equivalent 
in loudness. 


2. STANDARDS FOR NOISE MEASUREMENT 


When dealing with a plane or a spherical 
progressive wave it will be understood that the 
intensity is taken in the direction of propagation 
of the wave. 


2.1 Reference Intensity 


The reference intensity for intensity level 
comparisons shall be 10 watt per square 
centimeter. In a plane or spherical progressive 
sound wave in air, this intensity corresponds to 
an effective sound pressure ‘‘P”’ given by the 
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formula 








lz [273 

P=0.000207 VA" 

where P is expressed in dynes per square centi- 

meter, H is the height of the barometer jn 

centimeters, and T is the absolute temperature, 

At a temperature of 20°C and a pressure of 76 

centimeters of mercury, P=0.000204 dyne per 
square centimeter. 


2.2 Reference Pressure 


The reference pressure, Po, for sound pressure 
measurements is 0.0002 dyne per square centi- 
meter. 


2.3 Reference Velocity 


The reference velocity, Vo, for sound velocity 
measurements is 0.000005 centimeter per second. 


2.4 Reference Tone 


A plane or spherical sound wave having only 
a single frequency of 1000 cycles per second 
shall be used as the reference for loudness 
comparisons. 

Note: One practical way to obtain a plane or spherical 
wave is to use a small source, and to have the head of 
the observer at least one meter distant from the source, 
with the external conditions such that reflected waves 


are negligible as compared with the original wave at the 
head of the observer. 


2.5 Listening Position 


In observing the loudness of the reference 
sound, the observer shall face the source which 
shall be small and listen with both ears at, a 
position so that the distance from the source to 
a line joining the two ears is one meter. 

Note: The value of the intensity level of the equally 
loud reference sound depends upon the manner of listening 
to the unknown sound and also to the standard of refer- 
ence. The manner of listening to the unknown sound may 
be considered as part of the characteristics of that sound- 


The manner of listening to the reference sound is as speci. 
fied above. 


3. STANDARDS FOR LOUDNESS CONTOURS 
AND SCALE OF LOUDNESS 


For the purpose of practical noise measure- 
ments and the design of sound or noise meters 
there is-need for agreement upon equal loudness 
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LOUDNESS LEVEL IN PHONS 


Fic. 1. Relation between loudness and loudness level. 


contours of pure tones. Also, there is some need 
for an additional loudness scale based on a 
group judgment as to what constitutes a certain 
percentage reduction in the loudness of sound. 
For both of these things reliance must necessarily 
be placed on experimental data. A number of 
investigations have been made for the purpose 
of obtaining such data and from their results 
there can be derived such relations which can be 


taken as the best indications of the present 
material, with, however, the necessary recogni- 
tion that they may need modification when 
further data are obtained. 


3.1 Reference Loudness 


The reference loudness shall be that corre- . 
sponding to a loudness level of zero phon and is 
taken as one loudness unit. 
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TABLE I.* Relation between loudness level in phons and loudness in L.U. Loudness X 107%, 











0 0.1 0.2 0.3 0.4 
0.0010 0.0010 0.0011 0.0011 0.0012 
0014 0015 0015 .0016 .0016 
.0019 0020 .0020 0021 0021 
0025 0026 .0027 0028 .0029 
0034 .0035 .0036 .0037 .0038 
.0044 .0046 .0047 .0048 0049 
0057 .0058 .0060 0061 .0063 
.0071 .0073 .0075 .0077 .0078 
.0090 0092 0094 0097 .0099 
.0112 0115 0117 .0120 .0123 
.0139 0142 .0146 .0149 0152 
.0172 .0176 .0180 0185 .0189 
.0214 0219 0224 .0230 .0235 
.0266 0272 0278 .0284 .0290 
.0326 .0333 .0339 .0346 0353 
.0393 .0401 .0409 .0418 .0426 
0475 0485 .0495 .0505 0515 
0575 .0587 .0599 0611 .0623 
.0695 .0708 .0721 .0734 0747 
.0825 .0840 0855 .0870 .0885 
0975 .0990 -1006 1022 1037 
1130 .1148 1166 1184 1202 
1310 1330 1350 .1370 .1390 
1510 1532 1554 .1576 1598 
1730 1754 1778 .1802 1826 
.1970 .1995 .2020 2045 .2070 
.2220 .2250 .2280 .2310 .2340 
.2520 2555 .2590 .2625 .2660 
.2870 2907 .2944 2981 3018 
3240 3276 3312 3348 3384 
3600 3645 3690 3735 3780 
4050 .4100 .4150 4200 .4250 
4550 .4600 .4650 .4700 4750 
5050 .5100 5150 5200 .5250 
5550 5610 5670 5730 .5790 
.6150 .6210 .6270 .6330 .6390 
.6750 .6815 .6880 6945 .7010 
.7400 .7470 .7540 .7610 -7680 
.8100 .8180 .8260 8340 .8420 
.8900 8985 .9070 9155 .9240 

.9750 9835 .9920 1.000 1.009 

1.060 1.070 1.079 1.088 1.098 
1.155 1.164 1.174 1.184 1.193 
1.250 1.261 1.272 1.283 1.294 
1.360 1.374 1.388 1.402 1.416 
1.500 1.514 1.528 1.542 1.556 
1.640 1.654 1.668 1.682 1.696 
1.780 1.794 1.808 1.822 1.836 
1.920 1.935 1.950 1.965 1.980 
2.070 2.083 2.096 2.109 2.122 
2.200 2.215 2.230 2.245 2.260 
2.350 2.366 2.382 2.398 2.414 
2.510 2.527 2.544 2.561 2.578 
2.680 2.700 2.720 2.740 2.760 
2.880 2.900 2.920 2.940 2.960 
3.080 3.103 3.126 3.149 3.172 
3.310 3.335 3.360 3.385 3.410 
3.560 3.586 3.612 3.638 3.664 
3.820 3.845 3.870 3.895 3.920 
4,126 4.154 4.182 








0.5 


.0017 
.0022 
.0030 
.0039 


.0051 
.0064 
.0080 
.0101 
.0125 


0155 
.0193 
.0240 
.0296 
.0360 


0434 
0525 
.0635 
.0760 
.0900 


1053 
.1220 
.1410 
.1620 
1850 


2095 
.2370 
.2695 
3055 
3420 


3825 
.4300 
.4800 
.5300 
5850 


.6450 
7075 
.7750 
8500 
.9325 


1.018 
1.108 
1.202 
1.305 
1.430 


1.570 
1.710 
1.850 
1.995 
2.135 


2.275 
2.430 
2.595 
2.780 
2.980 


3.195 
3.435 
3.690 
3.945 
4.210 





0.0012 


0.6 0.7 0.8 
0.0012 0.0013 0.0013 
0017 .0018 .0018 
.0023 .0023 .0024 
.0030 0031 0032 
.0040 0041 .0042 
0052 .0053 0054 
.0065 .0067 .0068 
.0082 0084 0086 
.0103 0105 .0108 
.0128 0131 0134 
.0159 .0162 .0165 
0197 .0201 .0206 
0245 .0250 .0256 
.0302 .0308 0314 
.0366 .0373 .0380 
0442 .0450 .0459 
.0535 0545 0555 
0647 0659 .0671 
0773 .0786 .0799 
0915 .0930 0945 
.1068 .1084 .1099 
1238 .1256 .1274 
1430 .1450 .1470 
.1642 .1664 .1686 
1874 1898 .1922 
.2120 2145 .2170 
.2400 .2430 .2460 
.2730 .2765 .2800 
3092 3129 .3166 
3456 3492 3528 
.3870 3915 3960 
4350 4400 4450 
.4850 .4900 4950 
.5350 .5400 5450 
5910 5970 .6030 
.6510 .6570 .6630 
.7140 7205 .7270 
.7820 .7890 .7960 
8580 .8660 8740 
.9410 9495 .9580 
1.026 1.034 1.043 
1.117 1.126 1.136 
1.212 1.222 1.231 
1.316 1.327 1.338 
1.444 1.458 1.472 
1.584 1.598 1.612 
1.724 1.738 1.752 
1.864 1.878 1.892 
2.010 2.025 2.040 
2.148 2.161 2.174 
2.290 2.305 2.320 
2.446 2.462 2.478 
2.612 2.629 2.646 
2.800 2.820 2.840 
3.000 3.020 3.040 
3.218 3.241 3.264 
3.460 3.485 3.510 
3.716 3.742 3.768 
3.970 3.995 4.020 
4.266 4.294 





0.9 
0.0014 
.0018 
0024 
0033 
.0043 


.0056 
.0069 
0088 
0110 
0136 


0169 
0210 
.0261 
.0320 
0386 


.0467 
.0565 
.0683 
0812 
0960 


1115 
1292 
1490 
.1708 
1946 


2195 
.2490 
2835 
3203 
3564 


4005 
.4500 
.5000 
.5500 
.6090 


.6690 
.7335 
.8030 
.8820 
.9665 


1.052 
1.146 
1.240 
1.349 
1.486 


1.626 
1.766 
1.906 
2.055 
2.187 


2.335 
2.494 
2.663 
2.860 
3.060 


3.287 
3.535 
3.794 
4.045 
4.322 


| 





100 
101 
102 
103 
104 


luz 
106 
107 
108 
109 


110 
111 
112 
113 
114 





TABLE I.—Continued. 
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0.1 








0 0.3 0.4 0.5 0.6 
4.350 4.379 4.437 4.466 4.495 4.524 
4.640 4.671 4.733 4.764 4.795 4.826 
4.950 4.980 5.040 5.070 5.100 5.130 
5.250 5.281 5.343 5.374 5.405 5.436 
5.560 5.591 5.653 5.684 5.715 5.746 
5.870 5.907 5.981 6.018 6.055 6.092 
6.240 6.278 6.354 6.392 6.430 6.468 
6.620 6.660 6.740 6.780 6.820 6.860 
7.020 7.062 7.146 7.188 7.230 7.272 
7.440 7.491 7.593 7.644 7.695 7.746 
7.950 8.006 8.118 8.174 8.230 8.286 
8.510 8.572 8.696 8.758 8.820 8.882 
9.130 9.202 9.346 9.418 9.490 9.562 
9.850 9.925 10.08 10.15 10.22 10.30 

10.60 10.68 10.84 10.92 11.00 11.08 
11.40 11.50 .60 11.70 11.80 11.90 12.00 
12.40 12.51 62 12.73 12.84 12.95 13.06 
13.50 13.61 12 13.83 13.94 14.05 14.16 
14.60 14.72 .84 14.96 15.08 15.20 15.32 
15.80 15.93 .06 16.19 16.32 16.45 16.58 
17.10 17.23 17.49 17.62 17.75 17.88 
18.40 18.54 18.82 18.96 19.10 19.24 
19.80 19.96 20.28 20.44 20.60 20.76 
21.40 21.57 21.91 22.08 22.25 22.42 
23.10 23.29 23.67 23.86 24.05 24.24 
25.00 25.22 25.66 25.88 26.10 26.32 
27.20 27.44 27.92 28.16 28.40 28.64 
29.60 29.86 30.38 30.64 30.90 31.16 
32.20 32.48 33.04 33.32 33.60 33.88 
35.00 35.30 35.90 36.20 36.50 36.80 
38.00 38.35 39.05 39.40 39.75 40.10 
41.50 41.85 42.55 42.90 43.25 43.60 
45.00 45.40 46.20 46.60 47.00 47.40 
49.00 49.40 50.20 50.60 51.00 51.40 
53.00 53.40 54.20 54.60 55.00 55.40 
57.00 57.50 58.50 59.00 59.50 60.00 
62.00 62.55 63.65 64.20 64.75 65.30 
67.50 68.15 69.45 70.10 70.75 71.40 
74.00 74.70 76.10 76.80 77.50 78.20 
81.00 81.70 83.10 83.80 84.50 85.20 
88.00 88.90 90.70 91.60 92.50 93.40 
97.00 97.90 99.70 100.6 101.5 102.4 
106.0 107.0 109.0 110.0 111.0 112.0 
116.0 117.0 119.0 120.0 121.0 122.0 
126.0 127.2 129.6 130.8 132.0 133.2 
138.0 139.2 141.6 142.8 144.0 145.2 
150.0 151.4 154.2 155.6 157.0 158.4 
164.0 165.6 168.8 170.4 172.0 173.6 
180.0 181.7 185.1 186.8 188.5 190.2 
197.0 198.8 202.4 204.2 206.0 207.8 
215.0 217.0 221.0 223.0 225.0 227.0 
235.0 237.5 242.5 245.0 247.5 250.0 
260.0 262.8 268.4 271.2 274.0 276.8 
288.0 290.8 296.4 299.2 302.0 304.8 
316.0 319.0 325.0 328.0 331.0 334.0 





0.7 


4.553 
4.857 
5.160 
5.467 
5.777 


6.129 
6.506 


7.314 
7.797 


8.342 

8.944 

9.634 
10.38 
11.16 


12.10 
13.17 
14.27 
15.44 
16.71 


18.01 
19.38 
20.92 
22.59 
24.43 


26.54 
28.88 
31.42 
34.16 
37.10 


40.45 
43.95 
47.80 
51.80 
55.80 


60.50 
65.85 
72.05 
78.90 
85.90 


94.30 
103.3 
113.0 
123.0 
134.4 


146.4 
159.8 
175.2 
191.9 
209.6 


229.0 
252.5 
279.6 
307.6 
337.0 


0.8 


4.582 
4.888 
5.190 
5.498 
5.808 


6.166 
6.544 
6.940 
7.356 
7.848 


8.398 

9.006 

9.706 
10.45 
11.24 


12.20 
13.28 
14.38 
15.56 
16.84 


18.14 
19.52 
21.08 
22.76 
24.62 


26.76 
29.12 
31.62 
34.44 
37.40 


40.80 
44.30 
48.20 
52.20 
56.20 


61.00 
66.40 
72.70 
79.60 
86.60 


95.20 
104.2 
114.0 
124.0 
135.6 


147.6 
161.2 
176.8 
193.6 
211.4 


231.0 
255.0 
282.4 
310.4 
340.0 


0.9 


4.611 
4.919 
5.220 
5.529 
5.839 


6.203 
6.582 
6.980 
7.398 
7.899 


8.454 

9.068 

9.778 
10.52 
11.32 


12.30 
13.39 
14.49 
15.68 
16.97 


18.27 
19.66 
21.24 
22.93 
24.81 


26.98 
29.36 
31.86 
34.72 
37.70 


41.15 
44.65 
48.60 
52.60 
56.60 


61.50 
66.95 
73.35 
80.30 
87.30 


96.10 
105.1 
115.0 
125.0 
136.8 


148.8 
162.6 
178.4 
195.3 
213.2 


233.0 
257.5 
285.2 
313.2 
343.0 
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TABLE I.—Continued. 














LLL. 0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 
115 346.0 349.4 352.8 356.2 359.6 363.0 366.4 369.8 373.2 376.6 
116 380.0 383.8 387.6 391.4 395.2 399.0 402.8 406.6 410.4 414.2 
117 418.0 422.2 426.4 430.6 434.8 439.0 443.2 447.4 451.6 455.8 
118 460.0 464.6 469.2 473.8 478.4 483.0 487.6 492.2 496.8 501.4 
119 506.0 511.0 516.0 521.0 526.0 531.0 536.0 541.0 546.0 551.0 
120 556.0 561.3 566.6 571.9 577.2 582.5 587.8 593.1 598.4 603.7 
121 609.0 614.9 620.8 626.7 632.6 638.5 644.4 650.3 656.2 662.1 
122 668.0 674.4 680.8 687.2 693.6 700.0 706.4 712.8 719.2 725.6 
123 732.0 738.8 745.6 752.4 759.2 766.0 772.8 779.6 786.4 793.2 
124 800.0 807.5 815.0 822.5 830.0 837.5 845.0 852.5 860.0 / 867.5 
125 875.0 883.1 891.2 899.3 907.4 915.5 923.6 931.7 939.8 947.9 
126 956.0 965.1 974.2 983.3 992.4 1002 1011 1020 1029 1038 
127 1047 1057 1068 1078 1088 1098 1109 1119 1129 1140 
128 1150 1162 1173 1185 1196 1208 1220 1231 1243 1254 
129 1266 1279 1292 1305 1318 1331 1344 1357 1370 1383 








* This table was compiled by Paul H. Geiger. 


Note: The ratios of loudness units corresponding to any 
difference in loudness level have been determined directly 
by experimental methods; consequently after the reference 
loudness is fixed, the loudness corresponding to any other 
loudness level can be determined. 


3.2 Conversion of Loudness Level to Loudness 
Units 


The relation to be used in noise measurements 
between loudness level expressed in phons and 
loudness expressed in loudness units shall be 


that shown by the values given in Table I. For 
convenience the relation is also shown by the 
curve of Fig. 1. 


3.3 Loudness Contours of Pure Tones 


The loudness level of a pure tone propagated 
as a plane or spherical wave in air shall be 
defined by the set of curves given in Fig. 2. 

Note: The loudness level contour corresponding to the 


threshold of hearing for a typical large group of persons 
lies between 10 and 20 phons. 


APPENDIX 


There was considerable discussion in the 
committee which developed these standards as 
to what should be chosen for the reference or 
zero level. In many ways the threshold of hearing 
intensity for a 1000-cycle tone seemed a logical 
choice. However, variations in this threshold 
intensity arise depending upon the individual, 
his age, the manner of listening, the method of 
presenting the tone to the listener, etc. For this 
reason, no attempt was made to choose the 
reference intensity as equal to the average 
threshold of a given group listening in a given 
way. The reference intensity given in recom- 
mendation 2.1 was chosen because it was a 
simple number which was convenient as a 
reference for computation work and also because 
it is in the range of threshold measurements 
obtained when listening in the manner outlined 
under recommendation 2.5. This reference in- 


tensity corresponds to the threshold intensity 
of an observer who might be called a reference 
observer. An examination of a large series of 
measurements on the threshold of hearing 
indicates that such a reference observer has very 
acute hearing. For those who have been thinking 
in terms of microwatts it is easy to remember 
that this reference level is 100 decibels below 
one microwatt per square centimeter. 

The need of adopting a reference intensity for 
sound intensity level measurements has _ been 
recognized and a tentative proposal was made 
in our first report. Since that time there has 
been considerable discussion as to whether the 
intensity level scale which was originally pro- 
posed or a pressure level scale using one dyne 
per square centimeter as the reference level 
should be adopted. Several memoranda were 
written upon the two points of view which are 
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available for any who wish to study them. After 
careful consideration of all the available infor- 
mation bearing upon this question, the com- 
mittee finally voted for the recommendations 
given above. It will be noticed that the adoption 
of these standards will make the intensity level 
of the 1000-cycle reference tone the same as its 
loudness level. Also an examination of the curves 
in Fig. 2 shows that this is also true for pure 
tones covering a wide range of frequencies and 
intensities. 

Inasmuch as the value of the intensity level of 
the equally loud reference tone depends upon 
the manner of listening to the unknown sound 
and also of the standard of reference, these must 
be specified. The manner of listening to the 
unknown sound may be considered as part of 
the characteristic of that sound. The manner of 
listening to the reference tone which is recom- 
mended for adoption is that given under 2.5. 
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Some members of the committee felt that 
there was a particular need for an additional 
loudness scale based upon a group judgment as 
to what constitutes a certain percentage reduc- 
tion in the loudness of a sound. A basis for such 
a scale is available in the paper* by Fletcher 
and Munson reported at the May, 1933 meeting 
of the Acoustical Society of America. The 
committee felt a scale based on this work should 
be proposed tentatively, in order to facilitate 
the interpretation of experimental work of this 
kind. Loudness is the quantity that is probably 
closely correlated with the percentage estimates 
of loudness reduction that a group of observers 
make. For example, a loudness of 8000 L.U. cor- 
responds to a loudness level of 70 phons. A re- 
duction of 50 percent to a loudness of 4000 L.U., 
causes a change in loudness level of 11 phons. 

*“Loudness, its definitions, measurement and calcula- 


tion,”’ H. Fletcher and W. A. Munson, J. Acous. Soc. Am 
5, 82 (1933). 
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Acoustical Society News 


Future Meetings 


The Executive Council of the Acoustical Society decided 
that the next meeting of the Society should be held in 
New York City and that it should combine both the usual 
fall and spring meetings because of a variety of circum- 
stances resulting from the war. The date has not been 
definitely set except that it will be sometime in the spring 
of 1943. The Council took the latter step with great reluc- 
tance and with a definite understanding that this consolida- 
tion of the semi-annual meeting should certainly not con- 
tinue beyond the time when our members can again return 
to their normal activities. In the interim the Society will 
foster informal meetings of groups having a common 
interest in any particular phase of acoustical work. Any 
individual having suggestions for meetings of this kind 
should communicate with one of the officers of the Society. 

E. C. WENTE 


Richard H. Bolt Receives the Biennial Award for 
Noteworthy Contributions to Acoustics 


T the dinner following the Ann Arbor meeting on 

May 15, the Biennial Award for Noteworthy Contri- 
butions to Acoustics was presented to Dr. Richard H. 
Bolt. The history of the award was entertainingly outlined 
by Professor Don Lewis, after which the following bio- 
graphical sketch was read by Dr. Vern O. Knudsen. The 
award was then presented by President E. C. Wente. 





Richard H. Bolt 
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Professor F. R. Watson rose to congratulate the recipient. 
The exact nature of the award was cloaked in mystery, 
but considerable research has enabled us to determine that 
it consisted of a certificate of award signed by the officers 
of the Society and a check for $100. 
The dinner was attended by Dr. Bolt’s wife, Katherine, 


and by his parents, Dr. and Mrs. Richard A. Bolt, of 
Cleveland. 


BIOGRAPHY 


Dr. Richard H. Bolt was born April 22, 1911, in Peking, 
China, where his father was then medical director of the 
U. S. Indemnity School. He returned with his parents to 
the United States in 1916, living successively in Berkeley, 
California, Baltimore, Maryland, and again in Berkeley. 

He has always had an avid interest in music, beginning 
at an early age his musical education at the Peabody 
Conservatory of Music in Baltimore. He appeared in 
several of the student recitals at the Peabody Conserva- 
tory, and sang in the Roland Park St. David’s Episcopal 
Choir. 

Dr. Bolt completed his secondary education in Berkeley, 
continuing his piano lessons and singing in glee clubs and 
other musical organizations. During his Freshman and 
Sophomore years at the University of California he ex- 
plored several career possibilities. He decided on archi- 
tecture and applied himself to study in this field with 
characteristic enthusiasm, obtaining the degree and cer- 
tificate from the School of Architecture in 1933. 

He married Miss Katherine Smith in June, 1933, and, 
with his bride and parents, embarked on a year’s tour and 
study in Europe. While in Berlin, Dr. Bolt studied at the 
Heinrich Hertz Institut fiir Vibrationsforschung; it was 
there that he saw the opportunities before him by com- 
bining music and architecture with music. Following his 
return to California, he began intensive training in acous- 
tics, taking the formal undergraduate and graduate courses 
in physics and mathematics at Berkeley, and the seminar 
and dissertation work in acoustics at Los Angeles. Bolt’s 
graduate record was a distinguished one, in courses, ex- 
aminations, and research. He did some preliminary ex- 
ploring in musical acoustics and the absorption of sound 
in gases before he found a satisfactory problem for his 
dissertation, ‘‘Normal Modes of Vibration in Room 
Acoustics.” He attacked this latter problem with vigor, 
investigating the distribution of normal modes of vibra- 
tion in typically shaped rooms, and demonstating that 
non-rectangular rooms possess normal modes which are as 
prominent as those in rectangular rooms. 

On the day Bolt completed his final doctoral examina- 
tion—coincidentally his own birthday—he became the 
recipient of two other rewards: (1) a National Research 
Fellowship; (2) his first born, a daughter, Beatrice. Within 
that same month of April, 1939, he was elected to member- 
ship in Phi Beta Kappa and Sigma Xi; along with his 
election to Sigma Xi he won the Houghton key, awarded to 
a new member annually by the U.C.L.A. chapter of Sigma 
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Xi in recognition of noteworthy accomplishment in 
research. 

Bolt’s work as a National Research Fellow under Dr. 
Philip M. Morse at the Massachusetts Institute of Tech- 
nology contributed to the ‘wave theory’’ and “acoustic 
impedance” solution of several current problems in archi- 
tectural acoustics. A look at the tables of contents of The 
Journal of the Acoustical Society for the years 1939-40 will 
reveal the significant role Bolt has played in laying the 
foundations for an exact theory of the behavior of sound 
in enclosures. 

Following the retirement of Professor F. R. Watson in 
1940 from the University of Illinois, Dr. Bolt was ap- 
pointed to the physics staff at Illinois, where he was to 
continue research and instruction in acoustics, a field 
Professor Watson had cultivated with much success during 
most of his academic career. Bolt was at Illinois only a 
few months when he was called back to M.I.T. to assist 
Dr. Morse in defense research—about which, I am per- 
mitted to say now, ‘“‘much can be said later.” 

Dr. Bolt already has contributed much in a short time. 
He has made a notable beginning. He faces a promising 
future. With his special talents in music and architecture, 
his zeal for research and discovery, and his ability to get 
things done, it is safe to predict for him a brilliant career 
in acoustics. The Acoustical Society of America does well 
to honor him. 

V. O. KNUDSEN 
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Current Publications on Acoustics 


F. A. FIRESTONE 


147 Randall Laboratory, University of Michigan, Ann Arbor, Michigan 


Book Reviews 


Wave Motion and Sound, Part IV of University Physics. 
F. C. Cuampton. Pp. 67, Figs. 42. Blackie & Son, London; 
Interscience Publishers, New York, 1941. Price $1.65. 


In the preface, the author states that the book is in- 
tended for students who have not yet become specialists 
in physics, and that the material is set forth in one book 
to give basic information needed by students preparing 
for examinations at Cambridge. 

Analytical discussions are condensed, assuming a knowl- 
edge of mathematics through differential equations as well 
as an understanding of mechanical principles given earlier 
in the text. Many experiments are described, with illustra- 
tive diagrams. In addition to the treatment of the usual 
classical elements of acoustics, there are included the 
modern developments of decibels, electric generation of 
sound, acoustics of rooms, etc. 

Two minor errors were noted. On page 51 the threshold 
of hearing should be 10~ instead of 10~" watt/cm?. On 
page 55, the optimal times of reverberation of speech and 
music are reversed, music having the longer time of 1-2 
seconds. 

The text should be helpful to students for the purpose 
of emphasizing the important elements of wave motion 
and sound. Suggestive problems and hints for their solution 
are given to aid the student in fixing the principles. 

F. R. WATSON 
University of Illinois 


Electromechanical Transducers and Wave Filters. War- 
REN P. Mason. Pp. 333. D. Van Nostrand Company. 
Price $5.00. 

Electromechanical Transducers and Wave Filters by War- 
ren P. Mason is a scholarly and thorough book which sets 
forth the theory of the oscillation of coupled acoustical, 
mechanical, and electrical systems with the aid of me- 
chanical-electrical analogies, and with special emphasis on 
the design of such systems by analogy with wave filter 
theory so as to secure maximum efficiency and flat fre- 
quency response over a desired band. The basic idea set 
forth in the whole book is conveyed in the following short 
quotation concerning two examples of design: 

“The two devices chosen are a horn type loudspeaker 
driven by a moving coil diaphragm and a crystal-driven 
supersonic radiator. In both of these systems one of the 
prime requirements is to transmit as much electrical power 
as possible into mechanical radiation over as wide a fre- 
quency range as possible. This inherently requires a device 
designed as a filter since the filter is the system which will 
transmit all the power it receives to its termination over 
as wide a frequency range as is consistent with the ele- 
ments composing it.’’ 


113 


Electrical network theory is first set forth, taking the 
lattice network as fundamental and showing how the 
characteristics of the ladder and bridge T sections can be 
derived from the lattice. A table of filters useful in acous- 
tical and mechanical systems is given. The application of 
network theory to the solution of lumped mechanical 
systems, both linear and torsional, is then detailed utilizing 
for the most part the conventional mechanical-electrical 
analogy (at the recent Acoustical Society meeting, dubbed 
the ‘‘anti-Firestone system”) but outlining also the newer 
or inverse analogy. Now follows a discussion of the prop- 
agation sound waves in systems having distributed con- 
stants as tubes and horns, and acoustic filter theory is 
developed, leading to a table of acoustic filters showing the 
equivalent circuit and attenuation characteristics of a 
number of structures. Vibration of membranes and plates 
is discussed with reference to their use in telephone re- 
ceivers and as elements in an acoustic filter. 

We come now to the subject of electromechanical con- 
verting systems, to which the material mentioned above 
may be considered as an elaborate introduction occupying 
somewhat more than half of the book. Transducers of the 
electrostatic, piezoelectric, electromagnetic, and magneto- 
strictive types are considered, and it is pointed out that 
the first two types are most advantageously analyzed with 
the aid of the conventional analogy, while the last two types 
are subject to considerable simplification if the newer anal- 
ogy is used. The equivalent circuits are given for special 
examples of the above transducers. The general method of 
design according to filter theory is now exemplified in two 
types of loudspeakers. 

The final chapter is a most lucid explanation of the use 
of electromechanical impedance elements in electrical fil- 
ters, to which subject Mason himself was a principal orig- 
inal contributor. Various types of filters using electro- 
mechanical elements are discussed. There is a valuable 
appendix on elastic and piezoelectric equations for crystals. 

Throughout the book we have the impression that we 
are dealing with a very fundamental law of nature which 
not only is of the same form when viewed in the separate 
fields of mechanics, acoustics, and electricity, but also 
possesses a symmetry within itself to the end that either 
of two inverse analogies may be used to transfer truth 
from one of these fields to another. Filter theory is not only 
beautiful as an abstraction, whose breadth of application 
this book emphasizes, but when one considers the extent 
of its commercial application, it is doubly impressive. This 
book is an important contribution which will soon be found 
on the shelves of all acoustical libraries. 

F. A, FIRESTONE 
University of Michigan 
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Acoustics of Music. WILMER T. BARTHOLOMEW. Pp. 
242+-xvi. Prentice Hall, Inc., New York, 1942. 

The author courageously faces the very difficult task of 
attempting to interest the musician in the natural phenom- 
ena which are fundamental to his art and at the same time 
give the hardheaded scientist a basis for the meaningful- 
ness of the aesthetic values of music. He keeps to the middle 
of the road quite sensibly, trying not to discourage the 
physicist nor disgust the musician. He decries the verbage 
of indiscriminating writers who affirm that “the soul of 
the piano transcends all investigation,” calling attention 
to the fact that the soul is not in the piano but in the 
pianist and may thus well there continue to transcend 
investigation. Although the book is avowedly written in 
such a manner as to favor the understanding of the acous- 
tics of music from the point of view of the musician, the 
method of approach gives opportunity for analytical con- 
sideration by reference to important contributions in the 
field of science. 

Mr. Bartholomew has no notion of making his book a 
text in instrumentation and, as a matter of fact, if he 
shows any preference, it is honestly in the field of voice, 
where he feels himself quite at home. His contributions 
in this field have been important ones and it is good to 
have them appear between two stiff covers. Perhaps the 
high spot of the entire treatise is to be found in the gentle- 
manly manner in which he administers a sound thrashing 
to vocal pedagogues who deal with the training of desirable 
voice quality but do violence to the physiological and 
psychological aspects involved. He admits no reason for the 
incompatibility or lack of conciliation of vocal ‘“‘methods,”’ 
in spite of opinions to the contrary. He feels that in a very 
real sense most of them are seeking the same thing and 
even goes so far as to say that they do so in much the same 
manner. Imagery is very important to the business of 
vocal training; yet the types of imagery utilized cause 
differences because they are often magnified by jealousies. 
When methods conflict, he says, the disagreement is almost 
always to be located, not in the realm of physical fact, but 
in this irrational realm of imagery, so necessary to the 
teacher while, at the same time, so delusive and untrust- 
worthy. The author offers some sound advice when he 
says that if the representatives of different methods would 
draw a sharp line which should separate fact from fancy, 
a very large and now unsuspected common ground would 
be found, which would give room for the growth of the 
sympathetic cooperation necessary for the solution of re- 
maining problems in the field of vocal pedagogy. He does 
not condemn fancy in the form of the voice teacher’s 
manifold imagery. Quite the contrary, says Bartholomew, 
but it must be known to be imagery, valuable and varied 
though it is. Being imagery, it should be used merely to 
suggest indirectly, through its psychological effects, a cer- 
tain muscular setting which may be awkward for the 
beginner. The teacher, though using it, should bear in 
mind at all times the true facts, because when imagery 
becomes so vivid that it is transferred into the physical 
field and used to explain physiological and acoustical 
phenomena, it becomes extremely dubious, unreliable, and 
even false. It is this misuse, the author explains, which is 


















































BOOK REVIEWS 


largely responsible for the bitter controversies over vocal 
methods, as well as for their often comical explanations of 
the act of singing. The reviewer takes the liberty of quoting 
Mr. Bartholomew’s views on this subject so literally be. 
cause he puts forth his case so ably. By the way, the author 
very sensibly employs the same method when he finds 
something well said in the literature on musical acoustics, 

In the chapter on harmony and scales, the author an- 
ticipates an exhaustive tabulation by one of our foremost 
mathematicians, comparing musical scales in the Pyth- 
agorean, Meantone, Just, and Equi- Tempered forms, which 
is to be published in the Proceedings of the American Philo- 
sophical Society. This contribution will attempt to clarify 
the lack of correspondence in current nomenclature, with 
the resulting confusion and ambiguity which should be 
cleared up. In other words, when a musician uses the 
symbol C#, exactly what does he mean? Little does he 
know the artistic temperament! Mr. Bartholomew, again 
in the same chapter, quotes from Professor Clapp’s para- 
graph in Stewart’s Introductory Acoustics, but carefully 
avoids repeating an error made there in reference to the 
Pythagorean interval of a third being less than that of 
the tempered interval. 

The author has set in smaller type that which appeals 
to him as being of lesser importance or of greater difficulty. 
These sections are arranged so that their omission will 
not destroy the continuity of the remainder. The physicist 
will have ‘“‘his nose put out of joint’? by the author's 
intentional omission of mention of singing flames, Lis- 
sajous figures, and the like. The anatomist will find that 
his researches in the human ear are but lightly suggested, 
and the psychologist will have but little to quarrel over 
in the author’s frank statement concerning ‘‘the contro- 
versial subject of comparative hearing theories.”’ This is 
entirely omitted. 

A few errata will help make the book more understand- 
able. For example, on page 22, in graph d of Fig. 5, the 
major third above C* (2093 dv) is omitted from the graph. 
This makes the explanation on page 23 difficult to follow 
for the naive reader. The sudden use made of the primed 
octaves and the term dv may not be sufficiently meaningful 
to the uninitiated. Why not abide by the nomenclature 
agreed upon by the Acoustical Committee on Terminology? 
Why translate the velocity of sound in air into miles per 
hour? Possibly to set the stage for the rather exhaustive 
account of the eruption of Krakatoa. 

The oscilloscopic pictures of the various instruments and 
voices, all sounding A-440, make for interesting compari- 
son, but can have relatively little significance unless the 
intensity is taken into account. The subject of difference 
tones and beat tones leaves the reader a bit confused. It 
is an important subject. The author gives evidence of a 
feeling that he has said either too much or too little. 
However, the excellent bibliography constantly referred 
to in the text gives fine opportunity for further reading in 
the specific field desired by the discriminating reader. 

A fine tribute is paid by the author to a man too little 
heard from in the field of music, Otto Ortmann. The 
inspiration derived from this man’s work in the field of 
pianoforte touch and tone, together with the psychological 
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and physiological considerations, is truly a fine analytical 
approach in the field of musical pedagogy. 

The reader of Bartholomew’s book will be greatly stim- 
ulated by his endeavor to present this most interesting 
borderline field between science and art in an honest, 
straightforward manner. It will make an important con- 
tribution to the meaning of music other than mere sub- 
jective reaction to it. 

ABE PEPINSKY 
Bartol Research Foundation of The Franklin Institute 


Acoustic Design Charts. FRANK Massa. Pp. 228, 107 
charts. The Blakiston Company, New York, New York. 
Price $4.00. 

This book is a valuable innovation in the field of acous- 
tical literature. It consists of 107 charts, principally log-log, 
showing the relationship between those quantities most 
often used in acoustical calculations. While the range of 
the variables plotted is so great that the values can usually 
be read with an accuracy of only 2 to 5 percent, such ac- 
curacy is often sufficient in acoustical computations, this 
being particularly true in the preliminary stages of a 
tentative design. 

The range of subject matter covered will be indicated 
by the following sketchy selections from the Table of 
Contents: 

Fundamental Relations in Plane and Spherical Sound 
Waves: frequency vs. wave-length in air and water; ratio 
of particle velocity and sound pressure in spherical wave 
vs. distance from the source. 

Attenuation of Sound and Vibrations: attenuation of 
free waves and sound in conduits vs. frequency; trans- 
mission from vibrating body to floor through springs and 
resistors. 

Mechanical Vibrating Systems: amplitude and velocity 
vs. force and frequency for various combinations of mass, 
spring, and resistor; resonance conditions. 

Acoustical Elements and Vibrating Systems: acoustic 
resistance and reactance of various tubes, slits, orifices, 
and volumes; resonance frequencies of open and closed 
tubes. 

Radiation of Sound from Pistons (Direct Radiator Loud- 
speakers): radiation resistance and reactance, radiated 
power, and sound pressure, of pistons in baffles; peak 
amplitude necessary to radiate one acoustic watt vs. piston 
diameter and frequency. 

Directional Radiation Characteristics: polar diagrams. 

Reverberation and Sound Reproduction: reverberation 
time vs. absorption; acoustic power required to produce a 
desired sound pressure in a room. 

Exponential Horn Loudspeakers: cut-off frequency vs. 
flare; acoustic power vs. diaphragm amplitude; second 
harmonic generated in horn throat; maximum theoretical 
efficiency. 

Electromagnetic Design Data: wire data; force on 
conductors. 

Miscellaneous Data: frequency ratios vs. intervals on 
equi-tempered scale; decibel conversion charts; power loss 
due to impedance mismatching. 

It is thus seen that the range of subjects covered is 


rather broad, although the principal emphasis is on those 
subjects relating to loudspeaker design, as one might 
expect from knowing the interests of the author. Each 
chart is accompanied by a short explanation and most of 
them are illuminated by the solution of an illustrative 
example. 

We have often heard of the “handbook engineers’”’ as 
distinguished from the “research engineers”’ and this book 
will assist in the growth of a group of “handbook acoustical 
engineers’? who know on what page the knowledge can be 
found. The book will, however, be of great value to all 
who perform acoustical calculations. If a certain computa- 
tion bids fair to consume a day or a week, the pressure for 
speed may require that an “intelligent guess’”’ be substi- 
tuted therefor, but if these charts can be used for many 
of the steps of the computation, there is a greater prob- 
ability of being able to reach a useful result within the 
available time. In general, a chart is faster to use than the 
formula from which it was derived. 

It is this reviewer’s opinion that in addition to its use by 
engineers, this is a book which might quite profitably be 
placed in the hands of each intermediate student of sound 
as a supplement to the regular textbook. Many of the sub- 
jects covered by the intermediate sound course are set 
forth quantitatively in Massa’s charts, and after a student 
has derived a formula, and has perhaps applied it to a 
numerical problem, it would be very illuminating to him to 
glance at the Massa chart and see the form of the relation- 
ship and the range of numerical values encountered in 
practical work. Furthermore, the student would profit 
through the continued emphasis on the usefulness of the 
log-log chart. 

With the advent of such a useful handbook, we realize 
that the time is rapidly approaching when the courses in 
sound will be installed in the engineering departments of 
our universities, with consequent lessening of attention by 
physics departments, as has already occurred in the fields 
of mechanics, electricity, and radio. 

F. A, FIRESTONE 
University of Michigan 


American Standard Definitions of Electrical Terms. 
Published by The American Institute of Electrical Engi- 
neers, 33 West 39th Street, New York. 311 pages. Price 
$1.00 in the United States, $1.25 abroad. 

A new American Standard known as Definitions of 
Electrical Terms, C42, sponsored by the American Insti- 
tute of Electrical Engineers, is now ready for general 
distribution. This glossary is the result of more than twelve 
years’ work of a sectional committee of 46 members having 
18 subcommittees drawn from available specialists. More 
than 300 individuals have given material assistance and 
many others have assisted in specific instances. 

The primary aim in the formulation of the definitions 
has been to express for each term the meaning which is 
generally associated with it in electrical engineering in 
America. The definitions have been generalized wherever 
practicable to avoid precluding the various specific inter- 
pretations which may be attached to a term in particular 
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applications. It has been recognized that brief, simplified 
phrasing usually presents the clearer word picture. Am- 
plifying notes accompany certain definitions when the 
added information is particularly helpful, but those notes 
are not a legitimate part of the standard phrasing. Words 
used in the definitions have been employed in the accepted 
meaning as given in the recognized dictionaries, unless 
they have been defined specifically in this glossary. 
Specialized definitions for common words have _ been 
discouraged. 

While the bulk of the definitions pertains to the general 
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fields of power generation and distribution, welding, anq 
illumination, which do not pertain to acoustics, approxi. 
mately one-third of the work is devoted to general terms, 
wire communication, radio communication, and electronics, 
which subjects will be of interest to members of the 
Acoustical Society. The book will therefore supplement the 
American Standard Acoustical Terminology Z24.1 which 
is just being published. The book is neatly bound, and 
contains an index of approximately 5000 items. 

F. A. FIRESTONE 

University of Michigan 





References to Contemporary Papers on Acoustics 


OST of the titles of papers appearing in other languages than English have been translated. 
Abstracts in English of many foreign papers have appeared or soon will appear in Science 
Abstracts, Section A. Where references are made to Science Abstracts, the reference is to the volume 
number and abstract number. The abbreviations of the names of journals are those used in Science 
Abstracts and can be found in any annual index to those abstracts. 
The numbers appearing at the head of each entry are the numbers which identify the subject 
headings in the Cumulative Index of this journal issued in November, 1939. The same Classification 
of Subjects can be found in the index to Volume 12. 


Compiled with the generous assistance of Samuel Sass, Physics Librarian, University of Michigan. 


2. ARCHITECTURAL ACOUSTICS 


2.1 Book Review: Acoustics, A Handbook for Engineers 
and Architects. Percy L. Marks. Electronics 15, 
No. 3, 56 (March, 1942). 

2.1 Book Review: Acoustics. ALEXANDER Woop. Elec- 
tronics 15, No. 3, 90 (March, 1942). 

2.3 Advances in Acoustical Treatment at New NBC 
Studios. Electronics 15, No. 3, 34-35 (March, 1942). 

2.4 A New Sound-Absorbing Arrangement of High 
Efficiency and the Construction of a Highly Damped 
Sound Chamber. E. Meyer, G. BUCHMANN, AND A. 
Scuocnu. Zeits. f. techn. Physik 21, 372-375 (1940); 
Sci. Abs. A, 45, 724 (1942). 

2.4 An Investigation of the Impedance of Friction Layers 
Used in Sound-Absorbing Systems. S. N. RZHEVKIN 
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2.11 Rubber in Vibration. S. D. GeHMAN. J. of Applied 
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3. BooKs AND BIBLIOGRAPHIES 


3.1 Book Review: Acoustics, A Handbook for Engineers 
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No. 3, 56 (March, 1942). 
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4.1 Sound Perception in Beast and Man (Survey). H. 
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4.1 Concerning Certain Hearing Phenomena. E. P. 
Fow cer. Ann. Otol. 50, 576-578 (1941). 
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4.4 Industrial Noises and Industrial Deafness. J. of 
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Related Subjects. An abstract of the available 
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2,282,394 
2.1 TELEPHONE BOOTH 


Frank S. Corso, assignor to Bell Telephone Laboratories, 
Inc. 
May 12, 1942, U.S.P.O. Cl. 189-2, 8 Claims. 
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This telephone booth is of the type known as a stall 
(no door). The three sides and top are in sections and each 
section comprises a perforated facing material, a sound 
absorbing filler, and a backing. 


2,271,871 


2.2 SOUND ABSORBING UNIT 


Charles L. Newport and Herbert C. Smith. 
February 3, 1942, U.S.P.O. Cl. 20-4, 6 Claims. 





This acoustical structure consists of sheet metal in 
spaced parallel relationship with a wall or ceiling and 
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provides a metal exposed surface and deep metal lined 
apertures leading from this surface directly into the space 
between the metal surface and the back. In this space 
the sound absorbing material is placed. 


2,270,268 
2.2 ACOUSTICAL ASSEMBLY 


John A. Chambers, assignor to Johns-Manville Corpora. 
tion. 
January 20, 1942, U.S.P.O. Cl. 20-4, 14 Claims. 





This invention consists of an acoustical assembly em- 
p'oying the perforated type facing elements with sound 
absorbing pads behind in combination with lighting fixtures 
incorporated in the acoustical treatment as part of the 
unit. 


2,270,825 
2.2 SOUND ABSORBING STRUCTURE 


John S. Parkinson and William Lucius, assignors to 
Johns-Manville Corporation. 
January 20, 1942, U.S.P.O. Cl. 181-42, 11 Claims. 





This sound absorbing structure is an acoustical treatment 
used more specifically, but not limited to air intake and 
exhaust stacks for airplane motor test stands. The structure 
has parallel outer walls and a plurality of inner ribbon 
walls. The ribbon walls comprise a frame, a sound-absorb- 
ing filling, and facing elements. 
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2,271,929 
2.2 BUILDING INTERIOR CONSTRUCTION 


Walter H. Venzie. 
February 3, 1942, U.S.P.O. Cl. 72-68, 12 Claims. 
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An acoustic unit comprising a closed metal frame sup- 
porting an expanded metal lath surface over which is 
placed a porous, fireproof screening material and under 
which is placed a sound-absorbent material. 


2,275,859 
2.2 ACOUSTICAL MATERIAL 


Jacob Mazer. 
March 10, 1942, U.S.P.O. Cl. 154-44, 6 Claims. 
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An acoustic material comprising a layer of fibrous 
material preformed with raised and depressed portions. 


2,277,983 
2.2 ACOUSTICAL APPARATUS 


Clarence R. Jacobs. 
March 31, 1942, U.S.P.O. Cl. 181-30, 9 Claims. 
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This invention is an apparatus for radio broadcasting 
studios and analogous sound chambers comprising a 
plurality of vanes, means for moveably mounting these 
vanes and permitting them to be adjusted to open, close, 
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and intermediate positions. Means are also provided for 
selectively controlling the operation of the vanes. 
2,276,788 
2.2 BUILDING CONSTRUCTION 


Ralph F. Norris, assignor, by mesne assignments, to 
Burgess Battery Company. 
March 17, 1942, U.S.P.O. Cl. 98-40, 6 Claims. 
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A sound-absorbing unit comprising a back and edge 
pieces of a self-supporting material, a filler of sound ab- 
sorbing material, and a sound-transparent facing dia- 
phragm. 

2,281,121 


2.2 LOAD BEARING ACOUSTIC BUILDING BLOCK 


Merton T. Straight. 
April 28, 1942, U.S.P.O. Cl. 72-41, 5 Claims. 
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A load-bearing building block formed of plastic material 
having two opposite sides capable of sound absorption, 
cavities extending longitudinally through the block with a 
partition impervious to the passage of sound between 
cavities. 
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2,281,109 
2.2 BUILDING CONSTRUCTION 


Anders C. Olsen. 
April 28, 1942, U.S.P.O. Cl. 189-85, 19 Claims. 





This invention is an acoustical wall or ceiling construc- 
tion consisting of an ornamental perforated facing material 
covering a sound-absorbing material. 


2,271,845 
2.9 PROCESS FOR MAKING POROUS MATERIAL 


Joseph R. Parsons, assignor to United States Gypsum 
Company. 

February 3, 1942, U.S.P.O. Cl. 106-55, 9 Claims. 
A process for the production of a porous ceramic material 


consisting of burned fire clay, asbestos, and sodium chlo- 
ride, useful for sound and heat insulation. 


2,278,733 


2.9 SOUND DEADENER 


Paul G. Peik, assignor to Emulsions Process Corporation. 
April 7, 1942, U.S.P.O. Cl. 154-44, 5 Claims. 


MeZal panel. 


Sponge rubber. 
impervious Sheeé, 

This invention relates to deadening of sound in auto- 
mobile bodies and the like and comprises a panel of 
vulcanized sponge rubber, a piece of loosely woven textile 
fabric secured to one side of the panel, and an impervious 
reinforcing facing secured to the opposite side of the panel. 


2,270,335 
2.11 VIBRATION ISOLATOR 
John S. Parkinson, James Y. Dunbar, and William A. Jack, 


3rd, assignors to Johns-Manville Corporation. 
January 20, 1942, U.S.P.O. Cl. 248-21, 11 Claims. 
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A vibration isolating mounting comprising a bed plate, 
a load-bearing plate, spring means supporting the load- 
bearing’ plate from the bed plate, and a resilient com- 
pressible non-metallic member overlying the load-bearing 
plate. 


2,270,336 


2.11 VIBRATION ABSORBER 


Charles L. Paulus. 
January 20, 1942, U.S.P.O. Cl. 248-358, 2 Claims. 


This invention is of the type commonly called “shock 
mounts” and employed on aircraft for supporting delicate 
items of equipment. This mounting comprises a resilient 
member of rubber or like material having a load-supporting 
member and a clamping plate secured to same. 


2,270,902 
2.11 ANTIVIBRATION MEANS AND METHOD 
OF USE OF SAME 


George A. Rubissow. 
January 27, 1942, U.S.P.O. Cl. 248-358, 6 Claims. 
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A resilient supporting member consisting of two resilient 
members with an interposed free floating member having 
sufficient weight to provide a substantial amount of inertia 
for dampening vibrations. 


2,281,955 


2.11 SHOCKPROOF ISOLATOR 


Siefgried Rosenzweig. 
May 5, 1942, U.S.P.O. Cl. 248-20, 7 Claims. 
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A machinery vibration isolator including in combination 
a bed plate, a load-bearing top plate with springs having 
predetermined mechanical range confined between the bed 
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and load plates. Included is a device connecting the bed 2,271,988 

and load plates for checking excessive applied forces 5.9 ELECTROACOUSTICAL APPARATUS 

tending to compress or extend the springs beyond their ¥ : : : 
chanical range Harry F. Olson, assignor to Radio Corporation of America. 

meché ¢ . 


February 3, 1942, U.S.P.O. Cl. 179-115.5, 9 Claims. 
2,280,305 


4.5 VOLUME CONTROL FOR HEARING AIDS 


Walter E. Schauer, assignor to Otarion, Inc. 
April 21, 1942, U.S.P.O. Cl. 201-62, 2 Claims. 


) 
2,271,467 
5.7 THREE-TONE STETHOSCOPE 
shock Jacob Smithline. 
clicate January 27, 1942, U.S.P.O. Cl. 181-24, 1 Claim. 


Silient 
porting This invention relates par- 
ticularly to microphones of 
the unidirectional type. 


A stethoscope having a 
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circular wall, a concave back, 
le Z0 and a flat diaphragm forming 

AS-2) a sound chamber between 
22 the diaphragm and the con- 
cave back. A small vent valve 
“A is located at the center of the 
rear wall of the sound cham- 
ber. This valve is opened and 
closed by placing the opera- 
tor’s finger in the bell of the 
valve. Closely adjacent to the 
margin of the rear wall is 
located the opening for the 
tube leading to the earpiece. 
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a 5.10 SEISMIC WAVE DETECTOR 
2,281,539 Pierre M. Honnell and Lin W. Dickerson, assignors, by 
5.8 HORN mesne assignments, to The Texas Company. 


February 3, 1942, U.S.P.O. Cl. 177-352, 3 Claims. 
Lyndon V. Grover, assignor to Grover Products Company. en ‘ . — 


April 28, 1942, U.S.P.O. Cl. 116-142, 11 Claims. 
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This wave detector is 
completely shielded and 
capable of being used in 
the immediate vicinity of 
electric power transmis- 
sion lines or other interfer- 
ing electrical or magnetic 
devices. 
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This invention is a fluid operated signalling device. 

















2,279,191 
5.10 METHOD AND APPARATUS FOR 
SEISMIC SURVEYING 


Joseph L. Adler, assignor to Fabian M. Kannenstine. 
April 7, 1942, U.S.P.O. Cl. 181-0.5, 3 Claims. 





In this method of geophysical prospecting, a plurality 
of spaced detectors convert arriving seismic impulses into 
pulsations of electrical energy to obtain frequency analyzed 


seismic records. 


2,273,077 


5.16 MEANS AND METHOD OF PRODUCING 
SOUND EFFECTS 


Gilbert M. Wright. 
February 17, 1942, U.S.P.O. Cl. 272-14, 6 Claims. 
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This invention is an apparatus for producing novel sound 
effects. The apparatus comprises a means for converting a 
variable, modulated organization of audible vibrations 
suggestive and characteristic of a source other than human 
into electric impulses; a receiver adapted to convert the 
electrical impulses into audible sound waves in a gaseous 
medium; a tubular, hollow means for conveying the sound 
waves from the receiver into the vocal cavities of the 
human head whereby the sound waves can be molded by 
the tongue and lips into articulate form without destroying 
the characteristics of the sound waves which render them 


suggestive of a source other than human. 





2,273,078 
5.16 MEANS AND METHOD FOR PRODUCING 
SOUND EFFECTS 


Gilbert M. Wright. 
February 17, 1942, U.S.P.O. Cl. 272-14, 6 Claims. 





This invention converts inarticulate sound characteristic 
of a source other than human into understandable articula- 
tions. The method comprises mechanically applying vibra- 
tions of a sound characteristic of a source other than 
human to the skin of a human in the region of the throat, 
transmitting such vibrations through the skin to cause 
the air within the vocal cavities to vibrate, and then 
molding the sound waves thus generated within the vocal 
cavities into articulate form by means of the tongue 
and lips. 


2,273,866 


5.16 STEREOPHONIC SOUND RECORDING 
AND REPRODUCTION 


Gilles Holst and Kornelis de Boer, Eindhoven, Nether- 
lands, assignors, by mesne assignments, to Hartford 
National Bank and Trust Company. 

February 24, 1942, U.S.P.O. Cl. 179-100.4, 9 Claims. 


A method of ster- 
eophonically _ record- 
ing sound vibrations 
by means of a plurality 
of recording devices, 
comprising the steps 
of dividing the vibra- 
tions into a plurality 
of frequency ranges, 
transmitting in sepa- 
rate channels the vi- 
brations in the higher 
frequency ranges of 
each recording device, 
and transmitting in a 
single channel the vi- 
brations in the lowest 
frequency range. 
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2,273,177 


6.3 PITCH MODIFYING MOUTHPIECE FOR BRASS 


WIND MUSICAL INSTRUMENTS 


Domenick Calicchio. 
February 17, 1942, U.S.P.O. Cl. 84-399, 9 Claims. 
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A pitch adjusting mouthpiece for brass musical in- 


struments. 
2,276,846 
6.4 PERCUSSION MUSICAL INSTRUMENT 


Leroy J. Jeffries, assignor to C. G. Conn, Ltd. 
March 17, 1942, U.S.P.O. Cl. 84-419, 3 Claims. 





This invention relates more particularly to timpani in 
which the tension of the head can be varied to adjust the 


tuning. A pedal-operated device controls the tension. 
2,269,942 
6.5 ELECTRIC ORGAN 


Sylvan K. Ketterman, assignor to Gulbransen Company. 


January 13, 1942, U.S.P.O. Cl. 84-339, 8 Claims. 





An electrically operated reed organ. 
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2,271,892 


7.7 SOUND ATTENUATING DEVICE 
Roland B. Bourne, assignor to The Maxim Silencer Com- 
pany. 
February 3, 1942, U.S.P.O. Cl. 181-48, 29 Claims. 
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An acoustic silencing device comprising a main sound 
conducting channel, a closed cavity acoustically coupled 
to same through a body of sound absorbing material, and 
one or more pervious partitions of sound absorbing material 
placed in the closed cavity at points along the longitudinal 
axis and extending transversely to the main sound con- 
ducting channel. This device is used in connection with 
engine exhausts, air compressor intakes, etc. 


2,280,226 
10.7 FLAW DETECTING DEVICE AND 
MEASURING INSTRUMENT 
Floyd A. Firestone. 
April 21, 1942, U.S.P.O. Cl. 250-1, 11 Claims. 


This is a device for the 
interior inspection, or ex- 
ploration of a solid part 
whose maximum dimen- 
sion is of the order of 10 feet 
or less, by means of super- 
sonic vibration waves. The 
device is held against the 
object being tested and the 
supersonic wave train is 
transmitted through the 
article and picked up by a 
receiver which sends them 
toanoscilloscope providing 
means to measure the time 
interval between  trans- 
mission and reception. 





Oscilloscope 


2,278,241 
10.7 APPARATUS FOR PRODUCING HIGH FRE- 
QUENCY MECHANICAL VIBRATIONS 
Theodore W. Case. 


March 31, 1942, U.S.P.O. 
Cl. 73-51, 5 Claims. 
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Program of the Twenty-Seventh Meeting of the Acoustical Society of America 


UNIVERSITY OF MICHIGAN, ANN ARBOR, MICHIGAN, MAy 15-16, 1942 


1. Tinnitus and Other Subjective Phenomena—and the 
Hearing Process. EMMANUEL M. JoSEPHSON.—Disease, in- 
toxications and injuries cause subjective phenomena of 
hearing that shed much light on the mechanism of hearing, 
and on the causes of deafness. Paralysis of the tensor 
tympani muscle arising from injury to the fifth cranial 
nerve causes dysakusia for low frequencies—a condition in 
which high intensities produce discomfort or actual pain. 
Hyperacousis, or increased acuteness of hearing, in which 
the loudness of sound is accentuated, follows injuries to the 
facial nerve paralyzing the stapedius muscle. Affections of 
these middle ear muscles by myasthenia gravis, or other 
diseases which give rise to muscular fibrillations, cause 
roaring, “boiler factory”’ tinnitus. In the absence of the ear 
drum, high intensities of low frequencies cause vertigo and 
falling. These phenomena parallel in many respects animal 
experimental findings such as those reported by Drs. Wever 
and Bray; and indicate that the middle ear mechanism 
serves primarily as a sound impedance that protects the 
inner ear, rather than as a specialized sound conductor. 
Tinnitus of inner ear origin may be caused either by 
anemia, congestion, allergy or spasm of blood vessels. 
Intoxication by quinine, aspirin and other salicylates, and 
ergot are among the most frequent causes of these types of 
tinnitus and deafness. They act by causing spasm of the 
blood vessels. The incidence of progressive deafness could 
be considerably reduced by restriction of these drugs. 
Increased pressure of the perilymph on the inner ear gives 
rise to tinnitus which is readily cleared up by spinal tap and 
by medical therapy designed to keep the pressure down. 
Hallucinations of hearing often characterize disease of the 
brain involving the central nervous mechanism of hearing. 


2. Observations on the Acoustic Vibrations of the 
Ossicles. H. G. Kosrak. (With motion picture demonstra- 
tion.)—This paper is a continuation of a presentation given 
a year ago before this Society. At that time the acoustic 
vibrations of various parts of the cadaver ear were demon- 
strated in a moving picture film. Curves are shown in which 
the amplitudes of the ossicles are given as a function of tone 
intensity. For overthreshold intensities the movements are 
astonishingly large and can be observed with low magnifica- 
tion. The effect of the middle ear muscles on sound con- 
duction is shown. Resonance phenomena of the system are 
demonstrated. Under stroboscopic illumination the move- 
ments of the ossicles can be readily seen in temporal bones 
and on living animals in which the middle ear has been 
exposed. In addition it has been possible for the first time to 
observe and photograph the acoustic vibrations of the ear 
drum on ear normal persons and on patients suffering from 
deafness. 


3. The Laryngeal Ventricle Considered as an Acoustical 
Filter. ABE PEpinsKy, University of Minnesota.—The 
ventriculus laryngis is a pocket-shaped slit which extends 


laterally between the false and true vocal folds. It is 
deepest in the middle, and from its anterior half there 
projects vertically upward a blind sack called the appendix. 
Its physiological function is supposedly that of a lubricant 
for the vocal cords. The presence of fibrous tissue in the 
ventricular fold would seem to indicate the possibility of 
muscular control of the volume of the ventricle and the 
area of the orifice into the larynx, thus suggesting the 
possible action of the laryngeal ventricle as an acoustical 
filter. The necessary conditions are thus established for the 
consideration of a resonator of variable volume, neck, and 
orifice. Unique frequency resonance is obviously not to be 
expected from such a resonator with its highly damping 
walls. The theory of Stewart’s Acoustic Filters is applied in 
consideration of the effect on tone quality of the human 
voice. Some of the practices in vocal training are discussed, 
bearing such possible effects in mind. 


4. Ear Defenders. Norman A. Watson, University of 
California at Los Angeles—Three types of ear defenders 
have been developed in this investigation.* Two of them are 
improvements on earlier ear defenders as to comfort, dura- 
bility, ease of insertion, and retention; the third is distinctly 
a new type. The first type is a single septum, double-fin ear 
defender. The second type is like the first except that a fine 
hole is molded into the septum and a small insert sealed 
into it. The insert is drilled in a special way and the hole 
packed with cotton to give a predetermined air-leak. It, 
therefore, provides protection from noise in circumstances 
where pressure equalization is necessary. The third type is 
a double-septum defender with outside shape like the other 
two, but with the space between the septa filled with a 
loaded plastic material and an insert sealed in the outer 
septum. It is valuable for use in unusual-shaped ears. The 
insulations for types one and three are approximately 30-40 
db over the audible frequency range, and for type two, 
30—40 db over the same frequency range. Strong indications 
have been found that types one and three approximate the 
maximum insulation possible with ear defenders and that 
the limiting factors are the shear compliance of the skin 
lining of the external ear canal and the enhanced occluded- 
ear bone-conduction threshold arising from sound im- 
pinging on the forehead and facial bones. A material 
suitable for use in making ear defenders has been developed. 


* This investigation was carried on under the auspices of the National 
Defense Research Committee, and this abstract has been released for 
publication by the Committee. 


5. Some Aspects of Model Larynx Function. RayMonD 
Caruart, Northwestern University.—During the past six 
years an intensive study of the cushion-pipe variety of 
model larynx has been carried on in the Speech Laboratory 
at Northwestern University. The rationale for this research 
is that it allows conditions to be controlled and factors to 
be isolated in a manner impossible with the living speech 
mechanism. To the degree that it is a good analogy, the 
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model larynx gives insight into the physical behavior of the 
human mechanism. Specifically, the following are among 
the experimental findings whose implications are chal- 
lenging. First, the adjustment of the supply-tube exerts a 
critical influence on the frequency and amplitude of cushion- 
pipe vibration. Second, the mode of vibration is complex, 
being a combination of horizontal and vertical components. 
The pattern of vibration is affected by supply-tube adjust- 
ment. Third, the mechanism of sound initiation within the 
model larynx is of the puff tone variety rather than of the 
vortex tone variety. Fourth, the acoustic spectra of sounds 
emitted by the model larynx are of three kinds: harmonic, 
predominantly harmonic, and predominantly inharmonic. 


6. Pitch Scales. Don Lewis, State University of Iowa.— 
Experiments were conducted to secure data for con- 
structing and comparing pitch scales. Eighteen advanced 
graduate students in psychology served as subjects. The 
following observational methods (all variations of the 
method of equal sense distances) were used: (1) bisection, 
(2) fractionation, and (3) equating supraliminal pitch 
extents. The extents involved in (3) were a little greater 
than a full tone. The scales derived from the various sets of 
data were compared not only with each other but also with 
the scales reported by Stevens and Volkmann! and with a 
j.n.d. scale based on findings of Shower and Biddulph.’ The 
scales were not in satisfactory agreement, except in re- 
stricted cases; and the differences could not be attributed 
to experimental error. Any pitch scale apparently depends, 
in some measure, upon the group of persons who made the 
required judgments and upon the particular method of 
observation employed. A sort of “generalized scale’’ based 
on many experiments involving different groups of subjects 
and different methods of observation may be found to have 
scientific utility; but such a scale will have to be used with 
appropriate caution. The experiments are now being re- 
peated with a group of sixteen trained amateur musicians 
participating as observers. 


1Stevens and Volkmann, Am. J. Psychol. 53, 329-353 (1940). 
2 Shower and Biddulph, J. Acous. Soc. Am. 3, 275-287 (1931). 


7. An Experimental Study of Trumpet Embouchure. 
HAYWARD W. HENDERSON, Peabody Conservatory of Music. 
—This paper is the result of a search for some way to 
facilitate the acquisition of trumpet lip-technique. A com- 
parative study of players of various abilities, by means of 
photographs and stroboscopic observations of the lips in 
vibration, graphs of mouthpiece pressure against frequency, 
and readings of mouth-air pressure under various playing 
conditions, calls into question several of the currently held 
conceptions as to how trumpet tones are produced and 
controlled. 


8. Edge Tones with Turbulent Air Sheets. A. T. JoNEs, 
Smith College—When the wind from the slit comes fast 
enough, and the opposing wedge is not too close to the slit, 
the edge-tone frequency changes continuously with changing 
slit-wedge distance or changing pressure, instead of ex- 
hibiting “jumps” in pitch. The pitch may change con- 
tinuously through several octaves, and throughout this 


range the frequency N and slit-wedge distance fh satisfy 
approximately the relation Nh'-“*=const. The velocity of 
the air is so high as to make it likely that the motion is 
turbulent, and that the frequency is not related to any 
discrete vortices. The tone is probably maintained by the 
injecting of masses of air, first on one side of the wedge and 
then on the other. The resulting compressions cause an 
alternating flow that carries the air sheet from one side of 
the wedge to the other. This alternating flow passes through 
the constriction between slit and wedge, and by making use 
of the Bernoulli change in velocity in this constricted re- 
gion it is possible to account for the various phenomena 
observed. 


9. Acoustic Properties of Small Cavities. Paut E. 
SABINE, Riverbank Laboratories ——This paper presents the 
results of an experimental study of sound pressures in 
apertured hard wall cavities, 2.5 cm in diameter and depths 
varying from 0.3 to 1.5 cm, as a function of cavity dimen- 
sion, length and diameter of aperture and frequency of the 
sound. The results are given in decibels increase of sound 
pressure level over the pressure at the face of an imperforate 
baffle. Curves showing resonance frequencies as functions 
of aperture and cavity dimensions are shown. No theoretical 
explanation is offered. 


10. Notes on Acoustic Impedance Measurement. HALE 
J. SABINE, The Celotex Corporation—Considerable interest 
has been shown recently in tube methods for measurement 
of acoustic impedance and sound absorption coefficients. 
Construction details of a tube of the ‘‘fixed length, movable 
pickup” type are described, and direct reading charts for 
the determination of impedance and normal-incidence ab- 
sorption coefficient are presented. A discussion is given 
of the factors affecting the accuracy of this method of 
measurement. 


11. The Transmission of Sound Through a Temperature 
Sheet. ISADORE RupDNICK, University of California at 
Los Angeles.—Some experiments have been conducted on 
the transmission of sound through a heated sheet of air. 
This refracting plate is formed by the vertical convection 
current rising from a stretched, heated wire. Experiments 
were performed in which (1) the turbulence of the con- 
vective stream of warm air was suppressed by flanking it 
with cheesecloth, and (2) the convection current was 
allowed to rise freely and turbulently (i.e. with the cheese- 
cloth removed). The range of sound frequencies employed 
is from 2 to 16 kilocycles. The angles of incidence range 
from normal to grazing incidence. In the circumstance of 
the free convection current rather large fluctuations in 
sound amplitude occurred, the magnitude of these fluctua- 
tions being a function of the sound frequency and angle of 
incidence. Photographic records showing these variations 
are shown. The observed results are found to be reasonably 
consistent with the Rayleigh theory with regard to depend- 
ence on sound frequency and angle of incidence. 


12. Supersonic Transmission at Oblique Incidence 
through a Solid Plate in Water. J. B. SMytH AnpD R. B. 





Linpsay, Brown University.—The selective transmission of 
oblique supersonic waves through a solid plate immersed in 
water is studied theoretically and experimentally over a 
frequency range from 0.7 to 3 megacycles. Three cases are 
considered: (1) transmission for angles of incidence less 
than the critical angles for both dilatational and shear 
waves; (2) transmission for angles of incidence between the 
two critical angles; (3) transmission for angles greater than 
both critical angles. In the frequency region studied good 
agreement is found between the measured transmission, 
using the torsion disk method, and the theoretical values. 
Particular interest attaches to case (3). A method is 
devised for using the experimental results to determine the 
elastic constants of the solid plate. 


13. A Method for Changing the Frequency of a Complex 
Wave. E. L. Kent, C. G. Conn, Ltd.—This method makes 
it possible to change the fundamental frequency of a 
complex wave and retain essentially the same wave shape. 
For example, suppose it is desired to analyze the harmonic 
content of a wave whose fundamental frequency is, say, 
25,000 c.p.s. With this frequency changer it is possible to 
divide all frequencies in that wave by the same number and 
keep the relative amplitudes and phase relations between 
the partials the same. This being true, a conventional wave 
analyzer having a range from 20 to 16,000 c.p.s. may be 
used to analyze a super audio-wave. It might be useful also 
in studying musical tones for it is possible to change the 
pitch of a tone without altering its wave form. The method 
may be performed by simple circuits using conventional 
radio tubes and components or it can be done with greater 
precision with a special, but simple, cathode-ray tube. This 
method is limited to applications where it is desired to 
reduce the frequency of a wave and the highest significant 
partial in the reduced wave must be lower than the funda- 
mental frequency of the original wave. : 


14. A Method for Measuring the Frequency of Vibration 
or Rotation. E. L. Kent, C. G. Conn, Ltd.—This method 
involves the operation of a synchronous motor whose speed 
is proportional to the frequency to be measured. The theory 
might be best given by briefly describing two instruments 
using this principle. A manufacturer of aircraft instruments 
desired to measure the r.p.m. of an air-driven gyroscope 
rotor. An instrument was constructed to pick up the sound 
created by the air jet striking the buckets on the rotor and 
the frequency of this sound was divided by the proper 
number to take care of the fact that there was a multi- 
plicity of buckets on the rotor, and then a synchronous 
motor was driven with the resulting frequency. A sensitive 
tachometer was attached to the synchronous motor indi- 
cating the r.p.m. of the rotor. This method was used in an 
instrument for measuring pitch. An electric tachometer 
was used and the meter covered a range of one semitone. 
Push-buttons enabled the operator to pick the interval and 
its octave. An accuracy within 1/10 of 1 percent was 
maintained. The wave shape and amplitude of the input 
wave can vary over wide limits without any effect on the 
accuracy. The accuracy depends entirely upon the type of 
tachometer used. 
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15. A New Family of Horns. VINCENT SALMON, Jensen 
Radio Manufacturing Company.—An examination of the 
properties of practical horns indicates that the throat 
admittance of a horn with finite expansion cannot be a 
positive real at all frequencies. The nearest approach to 
this characteristic is a conductance (real part of the 
admittance) constant for all frequencies above a minimum 
or cut-off frequency. It is possible to generalize Webster's 
plane wave horn theory to yield a relation between horn 
shape and the conductance. When the condition that a 
constant value of this conductance be reached shortly 
above the cut-off frequency is specified a new family of 
horns results. With certain of these horns it is possible for 
the throat resistance to rise more rapidly to the asymptotic 
value than in the exponential type. Asa result horns having 
optimum conductance and susceptance characteristics for 
practical electromechanical driving units may be readily 
selected. 


16. Experiments with the Noise Analysis Method of 
Loudspeaker Measurement. BENJAMIN OLNEY, Stromberg. 
Carlson Telephone Mfg. Company.—The determination of 
the frequency response of a loudspeaker by analysis of the 
acoustic output resulting from a continuous-frequency 
spectrum electrical input has been described in the litera- 
ture.! It has been claimed that this method obliterates 
errors due to standing waves, thus permitting the true 
response of a loudspeaker to be measured in almost any 
acoustic environment. The present paper compares meas- 
urements made by the above method in a room suitable for 
listening tests with measurements made by the warble- 
tone method in the same room, and with free-space meas- 
urements using an input of slowly gliding frequency. 
Automatic, continuous recording was employed in all cases. 
In the noise analysis measurements with the usual narrow- 
band heterodyne analyzer the recorded irregularities due 
to standing waves were of the order of 15 db, and below 
1000 cycles the curve bore little resemblance to the free- 
space response. When the analyzer band-width was in- 
creased sufficiently to smooth the standing wave peaks, 
irregularities actually present in the loudspeaker response 
also were obliterated. It is concluded that the noise analysis 
method possesses no peculiar advantage over other time 
averaging artifices in discriminating against standing wave 
effects. 


1F, H. Brittain and E. Williams, Wireless Engineer 15, 16 (1938); 
L. B. Hallman, Jr., Electronics 11, 22 (1938), 


17. Electrical and Mechanical Analogies. W. P. Masov, 
Bell Telephone Laboratories.—Analogies between electrical 
and mechanical systems have been employed for many 
years, and have helped materially in the development of 
both electrical and mechanical theory. The outstanding 
example from the communication viewpoint is the influence 
of the theory of Lagrange for the vibrations of a string 
loaded with beads on the theory of electrical loading of 
transmission lines. In all of these early applications, electro- 
magnetic energy was taken as the analogue of kinetic 
energy and electrostatic energy of potential energy. Re- 
cently Firestone and Hanle have shown that an equally 
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consistent analogue is obtained by reversing this associa- 
tion. This results in a force being the analogue of a current 
and a velocity of a voltage. Although both analogies can 
be used equally well for a mechanical system, for electro- 
mechanical systems definite advantages result from using 
one or the other analogy depending on the type of coupling. 
It is shown that, for an electromagnetically or magneto- 
strictively coupled system, the use of the first system of 
analogies results in a violation of the reciprocity law 
whereas the second system of analogies satisfies the law. 
Using the second system a simple electromechanical circuit 
can be derived which describes the action of the electrical 
circuit, the mechanical circuit, and the associated coupling. 
On the other hand for electrostatically or piezoelectrically 
coupled systems, the first analogy satisfies the reciprocity 
law whereas the second analogy does not. By using the 
first analogy, a simple electromechanical circuit can be 
derived for electrostatically or piezoelectrically coupled 
systems. It is shown that the use of electromechanical 
equivalent circuits together with filter theory will deter- 
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mine the structure which can convert electrical into 
mechanical energy over the widest frequency range, and 
with the highest efficiency. 


18. An Automatic Direct Inking Audiofrequency Re- 
sponse Recorder. BENJAMIN OLNEY, Stromberg- Carlson 
Telephone Mfg. Company.—This recorder and oscillator 
assembly draws curves in ink on standard semi-logarithmic 
graph paper. The frequency range is from 30 to 10,000 
cycles per second and the ordinate scale covers 40 db in 
1-db steps. Internal calibrating means are provided for 
establishing reference levels of pressure and voltage. The 
graph sheet is carried on a flat platen and is entirely visible 
at any stage of the recording. The recording pen is driven 
by a vibrating type of motor which has particular ad- 
vantages for this application. Convenient adjustments are 
provided to permit recording the average value of a 
fluctuating quantity such as the output of a rotating 
microphone. 


A Demonstration of the Wright Sonovox 


Joun A. Cory AND WILLIAM E. BRENNAN 


19. Improvements in the Acoustic Wattmeter. J. H. 
Enns AND F, A. FIRESTONE, University of Michigan.—In 
this work the acoustic wattmeter, an instrument for 
measuring the flow of acoustical energy, has been revised 
from its earlier form. The instrument has been rebuilt to 
transmit but a single narrow frequency band. Although in 
the original report the wattmeter was reported as limited 
to the frequency range of 100 to 2000 cycles, the variable 


phase shifting network and analyzer here introduced were 
designed to operate down to 65 cycles per second, thus 
increasing the usefulness of the instrument in the low 
frequency range. The principal error in the instrument, 
which was that of phase shift with a changing input level, 
was located and a considerable reduction in phase shift 
has been achieved. A method of adjusting and partial 
calibration of the instrument have been worked out. 


Symposium on Air Raid Warning Devices 


20. A Siren of High Efficiency and Large Output. R. 
Ciark JONES, Bell Telephone Laboratories —A new high 
power siren has been developed by Bell Telephone Labora- 
tories under the auspices of the National Defense Research 
Committee* and in cooperation with the Army. Its release 
has been obtained by the Office of Civilian Defense for 
use in the study of air raid warning signals. The siren will 
be described with the aid of pictures, and some measure- 
ments of its performance will be presented. The air stream 
for the siren is supplied by a blower which is driven by a 
standard 95 horsepower automobile engine. The air stream 
represents a power of about 38 kilowatts. The flow of air 
is interrupted by a rotary valve at the rate of about 440 
cycles per second, and then passes into an acoustic horn. 
The use of a suitable horn provides a certain amount of 
directionality, and contributes importantly to the high 
efficiency of the siren. The sound that emerges from the 
horn has a power of about 25 kilowatts in the fundamental. 
The siren is simple to construct and may be made entirely 
of iron and steel except for the small amounts of other 
materials which are used in the construction of the gasoline 
engine, 


*This abstract has been released for publication by the National 
fense Research Committee. 








21. Transmission of Sound Signals in Congested City 
Areas. JosePH B. KELLy, Bell Telephone Laboratories.— 
To study the transmission of sound signals in congested 
city areas, primarily for determining the number and size 
of sirens required to give adequate signal coverage in areas 
vulnerable to air raids, tests were made in several cities 
with the high power siren described by R. Clark Jones. 
The results of tests conducted in New York City are re- 
ported. Measurements were made on the roofs of tall 
buildings in line of vision with the sound source and in the 
streets. Some effects of the wind on the transmission of 
the sound are also discussed. 


22. Field Measurements of Air Raid Warning Devices.* 
V. L. CHRISLER AND W. F. SNypER.—Total war has 
created the necessity of warning the civilian population of 
impending air attack. Acoustic signaling has proved to be 
an effective method of warning the people. The Office of 
Civilian Defense, which is charged with the protection of 
the civilian population, has sponsored a project to deter- 
mine the characteristics of sound signaling devices for air 
raid warnings. As a criterion by which the sound output 
of a signaling device can be judged, sound levels have been 
taken at 100 feet from the source. Measurements have 
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been made in a large open space with the device mounted 
about 20 feet above the ground. Frequency analyses of 
each device have been made. Distribution of energy has 
been determined both for the individual components and 
for frequency bands. Measurements have also been made 
at distances of 700, 1400 and 2800 feet from the source. 
Varying atmospheric conditions, such as wind, had con- 
siderable effect upon the attenuation of sound with dis- 
tance; in fact, for most of the devices submitted, the effect 
of the wind seems to be as important or more so than the 
distribution of energy in the different frequency com- 
ponents. Measurements taken over city terrain show that 
the attenuation of sound is greater than when taken over 
open spaces. The results of these measurements can be ob- 
tained upon application to the National Bureau of Stand- 
dards in Letter Circular LC-685 and Letter Circular 
LC-—685 Supplement. 


* Approved by the Office of Civilian Defense. 


23. Sounding Systems for Public Air Raid Warning. 
E. J. ABsort, Office of Civilian Defense.—One of the essen- 
tial parts of the United States Air Raid Warning System 
is an outdoor sound-signal system for public warning. 
These sound signals are intended to reach people who are 
out of doors or are in the external rooms of buildings at 
the time the warning is sounded. It is anticipated that 
additional supplementary signals will be required for 
stores, theaters, factories, public buildings, etc. It is 
common experience that whistles and other noises from 
trains, boats, etc., are heard for miles under favorable 
conditions such as exist on quiet summer nights. It is 
equally common experience that under more usual condi- 
tions, loud sounds are seldom heard for more than a few 
blocks. In fact, this experience is so common that it is 
usually forgotten. When sounding systems for air raid 
warnings were first contemplated a few months ago, it 
was thought that adequate coverage could be obtained by 
means of a few horns, sirens, or whistles. Initial tests with 
such equipment were uniformly disappointing. Accord- 
ingly, the United States Office of Civilian Defense under- 
took to determine what would be required for a practical 
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air raid sounding system, and to make this information 
available to the communities responsible for installing 
such equipment. A number of organizations have partici. 
pated in this work, and the technical information obtained 
will be presented by representatives of these organizations, 
The present paper describes how these various efforts were 
correlated. 


24. A Survey on Air Raid Alarm Signals. Joun fF, 
VOLKMANN AND MAx L. GRAHAM.—This paper will deal 
with tests and investigations using electroacoustic trans. 
ducers fed by several electronic signal generators having 
characteristics suitable for air raid warning purposes and 
with the results of a survey on the audibility of warning 
signals and speech in a residential area of Indianapolis, 
Sound level requirements and the use of indoor and mobile 
sound systems as a supplement to outdoor and other basic 
air raid warning systems will also be discussed. 


25. Air Raid Siren Tests in Detroit. LAuRENcE M. 
Batt, Chrysler Corporation—Noise measurements and 
listening tests are reported. 


26. Sound Power Density Fields. J. H. ENNs ann F. A, 
FIRESTONE, University of Michigan.—A theoretical study 
of the sound power density field radiated from a simple 
source, a doublet source, a single point source before a 
totally reflecting plane (free as well as rigid), and a piston 
vibrating in an infinite fixed wall have been investigated. 
Formulae are worked out to allow the computation of 
percent of total radiation flowing through a given area. 
By interpolation of the graphs plotted from these equa- 
tions, the streaming or flow of energy for the above radia- 
tion fields is shown. In connection with this work the nu- 
merical integration of the definite integral /°2’ Pm(z) Pn(z)ds, 
in which the P’s are the Legendre polynomials, was carried 
out for all the even values of m and n from 0 to 20, and 
for the argument z taking thirteen different values in the 
interval 0=z=1. In case these computations are not 
published, they are available from the authors upon 
request. 
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